
NASA CONTRACTOR 

REPORT 

A REENTRY VOICE COMMUNICATION 
SYSTEM FOR USE IN CONJUNCTION 
WITH RADAR TRACKING EQUIPMENT 

Prepared under Contract No. NASw-586 by 

AVCO CORPORATION 

Wilmington, Massachusetts 

f or 

NATIONAL AERONAUTICS AND SPACE ADMINISTRATION . WASHINGTON, D. C. . JULY 1964 



TECH LIBRARY KAFB, NM 

A REENTRY VOICE COMMUNICATION SYSTEM 

FOR USE IN CONJUNCTION WITH 

RADAR TRACKING EQUIPMENT 

Prepared under Contract No. NASw-586 by 

AVCO CORPORATION 

Wilmington, Massachusetts 

This report was reproduced photographically from copy supplied 
by the contractor. Its publication should not be construed as an 
endorsement or evaluation by NASA of any commercial product. 

NATIONAL AERONAUTICS AND SPACE ADMINISTRATION 

For sale by the Office of Technical Services, Department of Commerce, 
Washington, D.C. 20230 -- Price $3.00 





Section 

TABLE OF CONTENTS 

Page 

I 

II 

III 

IV 

J V 

5.1 

5.2 

5.3 

5.3.1 

5.3.1.1 

5.3.1.2 

5.3.1.3 

5.3.1.4 Sources of Sync Pulses 

5.3.1.4.1 Sync Pulses From Ground Pulse Source 

5.3.1.4.2 Sync Pulses From Encoder Source 

5.3.1.5 Elimination of Noise Interference Resulting 

5.3.1.6 

5.3.1.7 

5.3.1.7.1 

5.3.l.7.2 

5.3.1.7.3 

5.3.1.7.4 

LIST OF ILLUSTRATIONS 

LIST OF TABLES 

SUMMARY 

INTRODUCTION 

CONCLUSIONS 

RECOMMENDATIONS 

DISCUSSION 

General 

Astrovoice II System 

Encoder System 

Encoder Synchronization Subsystem 

Non-Interference With Ground Pulses From a 
Single Tracking Radar Set 

Non-Interference With Ground Pulses From 
Multiple Tracking Radar Sets 

Formation of Synchronization and Modulation 
Pulses 

From Ground Pulses 

Alternative Approaches to Encoder Sync 
Subsystem Logic 

Encoder Sync Subsystem Logic and Components 
(Single Ground Pulse Train) 

General 

Subsystem Functional Requirements 

Comp0nen.t Functional Requirements 

Component Operation 

ix 
. . . xl11 

1.1-1 

2.1-1 

3.1-1 

4.1-1 

5.1-1 

5. l-l 

5.2-l 

5.3-l 

5.3-l 

5.3-3 

5.3-5 

5.3-6 

5.3-6 

5.3-6 

5.3-7 

5.3-a 

5.3-a 

5.3-9 

5.3-9 

5.3-9 

5.3-10 

5.3-10 

. . . 111 



TABLE OF CONTENTS (Cont.) 

5.3.1.7.4.1 

5.3.1.7.4.2 

5.3.1.7.4.3 

5.3.1.7.4.4 

5.3.1.7.4.5 

5.3.1.7.4.6 

5.3.1.7.4.7 

5.3.1.7.4.8 

5.3.1.7.4.9 

5.3.1.7.4.10 

5.3.1.7.4.11 

5.3.1.7.4.12 

5.3.1.7.4.13 

5.3.1.7.4.14 

5.3.1.7.4.15 

5.3.1.7.4.16 

5.3.1.7.5 

5.3.1.7.6 

5.3.1.7.6.1 

5.3.1.7.6.2 

5.3.1.7.6.3 

5.3.1.7.6.4 

5.3.1.7.6.5 

5.3.1.7.6.6 

5.3.1.7.6.7 

5.3.1.7.6.8 

5.3.1.7.6.9 

5.3.1.7.6.10 

5.3.1.7.6.11 

5.3.1.7.6.12 

Clock 

Regenerative Clipper 

Divide -by- Eight Divid.er 

Clock Pulse Generator 

Divide -by- 128 Divider 

Divide-by- 16 Divider 

Fifteen- Window 

Divide -by- 16 Lock-up 

Reset OR Circuit 

Counter Reset 

GQ) 127 AND Gate 

Pre-Inhibit Flip-Flop 

Modulation Reference Pulse AND Gate 

Post-Inhibit Monostable Multivibrator 

Ground Pulse Detector 

Beacon Driver 

Logic States 

Basic Encoder/Decoder Sync Subsystem Circuits 

Crystal-Controlled Oscillator 

Regenerative Clipper 

Clock Pulse Generator 

Bistable Multivibrator, Set-Reset Type 

Triggered Bistable Multivibrator, Type A 

Triggered Bistable Multivibrator, Type B 

Monostable Multivibrator 

AND Gate 

OR Ga.te 

Inhibit Gate 

Inverter 

Beacon Driver 

5.3-11 

5.3-11 

5.3-11 

5.3-11 

5.3-11 

5.3-12 

5.3-13 

5.3-13 

5.3-13 

5.3-13 

5.3-13 

5.3-14 

5.3- 14 

5.3-14 

5.3-14 

5.3-15 

5.3-15 

5.3-16 

5 .3-17 

5.3-1’7 

5.3-1’7 

5.3-18 

5.3-18 

5.3-18 

5.3-18 

5.3-19 

5.3-19 

5.3-19 

5.3-19 

5.3-19 

iv 



TABLE OF CONTENTS (cant .) 

5.3.1.8 

5.3.1.8.1 

5.3.1.8.2 

5.3.1.8.3 

5.3.1.8.4 

Encoder Sync Subsystem Logic and 
Components (Multiple Ground Pulse 
Trains) 

General 

Subsystem Functional Requirements 

Component Functional Requirements 

Component Operation 

5.x.1.8.4.1 

5.3.1.8.4.2 

5.3.1.8.4.3 

5.3.1.8.4.4 

5.3.1.8.4.5 

5.3.1.8.4.6 

5.3.1.8.4.7 

5.3.1.8.4.8 

5.3.1.8.4.9 

5.3.1.8.4.10 

Clock 

Divide -by- 1032 Divider 

Divide-by-32 Divider 

Thirty- one Stage Shift Register 

Flip-Flop A 

Flip-Flop B 

Monostable Multivibrator B 

Divide-by- Eight Divider 

Monostable Multivibrator A 

Clock and Ground Pulse Amplifiers 

5.3.1.9 Probability of Ground Pulse Lockout 

5.3.1.10 Encoder/Decoder Waveforms and Timing 
Functions 

5.3.2 Encoder Speech Processing Subsystem 

5.3.2.1 Encoder Speech Processing Subsystem 
Logic and Components 

5.X.2.1.1 General 

5.3.2.1.2 Subsystem Functional Requirements 

5.3.2.1.x Component Functional Requirements 

5.3.2.1.4 Logic Operation 

5.3.2.1.4.1 Peak/Trough Pulse Generation 

5.x.2.1.4.2 Clock Pulse Selection and Sampling 

5.3.2.1.4.2.1 Signal-Correlated Sampling 

5.3.2.1.4.2.2 Non-Signal-Correlated Sampling 

5.3-19 

5.3-20 

5.3-20 

5.3-20 

5.3-21 

5.3-21 

5.3-21 

5.3-21 

5.3-21 

5.3-22 

5.3-22 

5.3-22 

5.3-23 

5.3.23 

5.3-23 

5.3-23 

5.3-25 

5.3-25 

5.3-26 

5.3-26 

5.3-26 

5.3-26 

5.3-28 

5.3-28 

5.3-29 

5.3-29 

5.3-29 

V 



TABLE OF CONTENTS (cont.) 

5.3.2.2 Sampling Proce s s 5.3-30 

5.4 Decoder System 5.4-l 

5.4.1 Decoder Synchronization Subsystem 5.4-l 

5.4.1.1 General 5.4-l 

5.4.1.2 Design Requirements and Criteria 5.4-l 

5.4.1.3 Sync Pulse Recognition 5.4-2 

5.4.1.4 Decoder Sync Subsystem Logic and Components 5.4-3 

5.4.1.4.1 General 5.4-3 

5.4.1.4.2 Subsystem Functional Requirements 5.4-4 

5.4.1.4.2.1 Sync Pulse Gating 5.4-4 

5.4.1.4.2.2 Acquisition Mode 5.4-5 

5.4.1.4.2.3 In Sync Mode 5.4-5 

5.4.1.4.3 Component Functional Requirements 5.4-6 

5.4.1.4.4 Component Operation 5.4-7 

5.4.1.4.4.1 Clock 5.4-7 

5.4.1.4.4.2 Regenerative Clipper 5.4-7 

5.4.1.4.4.3 Divide-by-Eight Divider 5.4-7 

5.4.1.4.4.4 Clock Pulse Generator 5.4-7 

5.4.1.4.4.5 Divide-by- 128 Divider 5.4-10 

5.4.1.4.4.6 126-Window Inverter 5.4-10 

5.4.1.4.4.7 Speech Monostable Multivibrator 5.4-10 

5.4.1.4.4.8 Speech Pulse Gate 5.4-10 

5.4.1.4.4.9 Flip-Flop A 5.4-11 

5.4.1.4.4.10 Flip-Flop B 5.4-11 

5.4.1.4.4.11 Divide -by- 16 Divider 5.4-12 

5.4.1.4.4.12 Divide -by-Four Divider 5.4-12 

5.4.1.4.4.13 15-Window and 3-Window Inverters 5.4-13 

5.4.1.4.4.14 3 -Window Inhibit Gate 5.4-13 

5.4.1.4.4.15 Received Pulse Gate 5.4-14 

5.4.1.4.4.16 Locally Generated Miss Pulse Gate 5.4-14 

vi 



TABLE OF CONTENTS (Cont.) 

5.4.2.1 

5.4.2.2 

5.4.2.2.1 

5.4.2.2.2 

5.4.2.2.3 

5.4.2.2.4 

5.5 

5.5.1 

5.5.1.1 

5.5.1.2 

5.5.1.3 

5.5.1.4 

5.5.1.4.1 

5.5.1.4.2 

5.5.1.5 

5.5.2 

5.5.2.1 

5.5.2.2 

5.5.2.3 

5.6 

5.6.1 

5.6.2 

5.6.3 

5.6.4 

5.6.5 

Decoder Pulse-to-Speech Demodulation 
Subsystem 

General 

Decoder Pulse-to-Speech Demodulation 
Subsystem 

General 

Subsystem Functional Requirements 

Component Functional Requirements 

Logic Operation 

Astrovoice/Radar Tracking Equipment 
Interface Investigation and Analysis 

Astrovoice / Radar Tracking Equipment 
Interface 

Pulse Rates 

Probable Ground or Ship Based Radar 
Tracking Equipment 

External Connections--Astrovoice to 
Radar Tracking Equipment 

Operational Considerations 

Acquisition 

Phasing 

Interference Zone Tracking 

Astrovoice/Beacon Interface 

Probable Beacon Types 

External Connections- -Astrovoice to Beacon 

Operational Considerations 

Speech Intelligibility 

Introduction 

Procedure 

Re sult s 

Discussion 

Bibliography 

5.4-18 

5.4-18 

5.4-18 

5.4-18 

5.4-18 

5.4-19 

5.4-21 

5.5-l 

5.5-l 

5.5-l 

5.5-2 

5.5-3 

5.5-4 

5.5-5 

5.5-6 

5.5-7 

5.5-8 

5.5-8 

5.5-9 

5.5-10 

5.6 1 

5.6-l 

5.6-l 

5.6-l 

5.6-3 

5.6-16 

vii 



TABLE OF CONTENTS (Cont.) 

5.7 

5.7.1 

5.7.1.1 

5.7.1.2 

5.7.1.3 

5.7.1.4 

5.7.2 

5.7.2.1 

5.7.2.2 

5.7.2.3 

System Performance 

Experiments and Results 

Pulse Rates 

Intelligibility Tests 

Circuit Performance 

System Modifications 

Comparison of Various Speech Processing 

Synchronous Rectangular Audio Versus 
Clipper Audio 

Synchronous Rectangular Auclio Versus 
Cunstant Frequency Sampling 

Synchronous Rectangular Audio Versus 
Triangular Audio 

5.‘i-1 

5.7-l 

5.7-1 

5.7-1 

5.7-2 

5.7-3 

5.7-3 

5.7-4 

5.7-5 

5.7-6 



LIST OF ILLUSTRATIONS 

F!.gure --- 

5- 1 

5-2 

5-3 

5-4 

5-5 

5-6 

5-7 

5-8 

5-9 

5-10 

5-11 

5-12 Logic Arrangement, Divide -by- Eight Divider 5.3-39 

5-13 Schematic Diagram, One Stage of Divide-by-Eight Divider 5.3-40 

5- 14 Logic Arrangement, Divide-by- 128 Divider 5.3-41 

5-15 Schematic Diagram, One Stage of Divide-by- 128 Divider 5.3-42 

5-16 Logic Arrangement, Divide -by- 16 Divider 5.3-43 

5-17 Schematic Diagram, One Stage of Divide -by- 16 Divider 5.3-44 

5-18 Schematic Diagram, 15-Window 5.3-45 

5-19 Schematic Diagram, Divide -by- 16 Divider Lock-up 5. :3-46 

5-20 Schematic Diagram, Reset OR Circuit 5.3-4=T 

5-21 Schematic Diagram, Counter Reset Circuit 5.3-48 

5-22 Schematic Diagram, G @  127 AND Gate 5.3-49 

5-23 Schematic Diagram, Pre-Inhibit Flip-Flop 5.3-50 

5-24 Schematic Diagram, Modulation Reference Pulse AND Gate 5.3-51 

5-25 Schematic Diagram, Post-Inhibit Monostable Multivibrator 5.3-52 

S-26 Schematic Diagram, Ground .Pulse Detector 5.3-53 

5-27 Schematic Diagram, Beacon Driver 5.3-54 

Block Diagram, Astrovoice II System 

Block Diagram, Astrovoice II Encoder System 

Block Diagram, Astrovoice II Decoder System 

J?lock Diagram, Basic Clock Rate Divider 

Logic Arrangement, Divide-by-Sixteen Divider 

Logic Arrangement, Thirty-two Stage Shift Register 

Block Diagram, Basic Clock Rate Divider and Sync 

Pa.ge 

5 .2-2 

5.2-3 

5.2-4 

5.3-31 

5.3-32 

5.3-33 

5.3-34 
Pulse Source 

Logic Arrangement, Encoder-Generated Sync Pulse Source 5.3-35 

Timing Diagram, Ground Pulses Versus Modulated 5.3-36 
Reference Pulse Delays 

Logic Arrangement, Tag Pulse Generator 

Block Diagram, Encoder Sync Subsystem (Single Ground 

5.3-37 

5.3-38 
Pulse Train Protection) 

ix 



LIST OF ILLUSTRATIONS (Cont. ) 

.age P- 

5.3-55 

Figure 

5-28 

5-29 

5-30 

5-31 

5-32 

5-33 

5-34 

5-35 Schematic Diagram, Monostable Multivibrator 5.3-62 

5-36 Schematic Diagram, Typical AND Gate 5.3-63 

5-37 Schematic Diagram, Typical OR Gate 5.3-64 

5-38 Schematic Diagram, Typical Inhibit Gate 5.3-65 

5- 39 Schematic Diagram, Typical Inverter Circuit 5.3-66 

5-40 Schematic Diagram, Beacon Driver 5.3-67 

5-41 Block Diagram, Encoder Sync Subsystem (Multiple Ground 5.3-68 

5-42 Timing and Waveform Diagram, Astrovoice II Encoder/ 5.3-69 

5-43 Logic Diagram, Encoder Speech Processing Subsystem 5.3.=70 

5-44 Schematic Diagram, Filter 5.3-71 

5-45 Schematic Diagram, Differentiator 5.3-‘72 

5-46 Schematic Diagram, Integrator 5.3-73 

5-47 Schematic Diagram, Regenerative Clipper 5.3-74 

5-48 Schematic Diagram, Leading Edge Pulse Generator 5.3-75 

5-49 Schematic Diagram, Trailing Edge Pulse Generator 5.3-76 

5-50 Schematic Dia.gram, Sampler 5.3-77 

5-51 Schematic Diagram, Monostable Multivibrator, PMS Type 5.3-78 

5-52 Block Diagram, Decoder Sync Subsystem 5.4.23 

Flow Diagram, Encoder Sync Subsystem Logic States 
(Single Ground Pulse Train Protection) 

Schematic Diagram, Crystal-Controlled Oscillator 

Schematic Diagram, Regenerative Clipper 

Schematic Diagram, Clock Pulse Generator 

Schematic Diagram, Typical Set-Reset Type Bistable 

5.3-56 

5.3-57 

5.3-58 

5.3-59 
Multivibrator 

Schematic Diagram, Triggered Bistable Multivibrator, 5.3-60 
Type A 

Schematic Diagram, Triggered Bistable Multivibrator 5.3-61 
Type B 

Pulse Train Protection) 

Decoder 

X 



LIST OF ILLUSTRATIONS (Cont .) 

Figure 

5-53 

5-54 

5-55 

5-56 Schematic Diagram, 126-Window Inverter 5.4-27 

5-57 Schematic Diagram, Speech Monostable Multivibrator 5.4-28 

5-58 Schematic Diagram, Speech Pulse Gate 5.4-29 

5-59 Schematic Diagram, Flip-Flop A 5.4-30 

5-60 Schematic Diagram, Flip-Flop B 5.4-31 

5-61 Logic Arrangement, Divide-by- 16 Divider 5.4-32 

5-62 Schematic Diagram, Typical Stage of Divide-by-Four and 5.4-33 

5-63 

5-64 

5-65 

5- 66 

5-67 

5-68 

5-69 

5-70 

5-71 

5-72 Decoder Sync Subsystem Timing Diagram, Sync Pulses and 

5-73 

5-74 

5-75 

Block Diagram, Decoder Sync Subsystem Sync Pulse 
Gating Components 

Page 

5.4-24 

Block Diagram, Decoder Sync Subsystem Acquisition Mode 
C omponent s 

5.4-25 

Block Diagram, Decoder Sync Subsystem In Sync Mode 5.4-26 
Components 

Divide -by- 16 Dividers 

Logic Arrangement, Divide -by-Four Divider 

Schematic Diagram, 15-Window and 3-Window Inverters 

Schematic Diagram, 3-Window Inhibit Gate 

Schematic Diagram, Received Pulse Gate 

Schematic Diagram, Locally Generated Miss Pulse Gate 

Flow Diagram, Decoder Sync Subsystem Logic States 

Decoder Sync Subsystem Timing Diagram, Missing Every 
Other Pulse 

5.4-34 

5.4-35 

5.4-36 

5.4-37 

5.4-38 

5.4-.39 

5.4-40 

Decoder Sync Subsystem Timing Diagram, Ground Pulse 
Frequency Low 

5.4-41 

Decoder Sync Subsystem Timing Diagram, Ground Pulse 
Frequency High 

5.4-42 

and Random Audio Out of Sync 

Logic Diagram, Decoder Pulse-to-Speech Demodulation System 

Schematic Diagram, Charge Circuit 

Schematic Diagram, Discharge Circuit 

5.4-43 

5.4-44 

5.4-45 

5.4-46 



LIST OF ILLUSTRATIONS (Cont.) 

Figure PaPe 

5-76 Timing Diagram, Two-Way Travel Time: A, Twice 
Basic, Pulse Period; B, Equal to Basic Pulse Period 

5.5-11 

5-77 

5-78 

5- 79 

5-80 

5-81 

5- 82 

5-83 

Intelligibility Indices (Systems X Trials) 

Intelligibility Indices (Systems X Subject X Trials) Avco 
Astrovoice Without Radar Inhibits 

5.6-9 

5.6-10 

Intelligibility Indices (Systems X Subjects X Trials Reference 5.6- 11 
Analog) 

Intelligibility Indices (Systems X Subjects X Trials) Avco 5.6-12 
Astrovoice With Radar Inhibits 

Intelligibility Indices (Systems X Subjects X Trials) 
Constant Frequency Sampling 

5.6-13 

Intelligibility Indices (Systems X Subjects X Trials) 
Clipper Audio 

5.6-14 

Intelligibility Index Scores (Systems X Speaker X Trials) 5.6-15 

xii 



Table _- 

5-l 

5-2 

5-3 

5-4 Summary Table of Main Effects 5.6-4 

5-5 Duncan Multi-Range Test Between Subjects 5.6-5 

5-6 Duncan Multi-Range Test Between Systems 5.6-6 

5-7 Mean Intelligibility Index For Trials 5.6-8 

LIST OF TABLES 

Probability of Ground Pulse Lock out 

Summary, Decoder Sync Subsystem Component Set, 
Reset, and Trigger Conditions 

Sound Pressure Measurements of Stimulus Tapes Taken 
At Each Earphone 

Page 

5.3-24 

5.4-8 

5. 6-2 

. . . xl11 



SECTION I 

SUMMARY 

This document is the final report on work performed by the Research and Ad- 
vanced Development Division of AVCO Corporation (AVCO-RAD) for the National 
Aeronautics and Space Administration (NASA) under the terms of Contract 
Number NASW-586. 

The design and development of the Astrovoice II space communications system 
is described in considerable detail. This system is capable of transmitting 
encoded voice or other data from a vehicle in space to one or more ground 
stations via a radar link which is simultaneously used for vehicle tracking. 
A pulse position modulation technique is used in encoding data for trans- 
mission. 

Use of this system in conjunction with radar tracking equipment operating 
at C-band frequencies enables communication to be maintained during hyper- 
sonic re-entry despite the plasma-induced signal attenuation accompanying 
such re-entry. In addition, advantageous, non-interfering secondary use is 
made of available radar tracking equipment. 

The Astrovoice II system has excellent potential for deep space probe commu- 
nication applications, particularly for transmission of low information rate 
(less than 3 kilocycles per second), pulse position modulated data. 

The investigations and analyses performed under this contract indicated that: 

1. Voice data can be encoded, transmitted, and decoded via the Astro- 
voice II system operating in conjunction with tracking radar equip- 
ment. 

2. That speech quality and intelligibility is not seriously degraded 
by the techniques employed in the Astrovoice II communication sys- 
tem even when the radar beacon on the spacecraft is concurrently 
interrogated by several tracking radar equipments. 

3. The Astrovoice II system can also be used to telemeter data. 

It is recommended that an operational one-way Astrovoice II sys- 
tem be constructed and flight tested; that an operational two-way Astrovoice 
II system be designed, developed, and flight tested; and that signal propa- 
gation analyses be conducted relative to application of the Astrovoice II 
communication system to current and projected space-flight programs. 
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SECTION II 

IRTRODUCTION 

Tkis report describes work performed in designing and developing the .A+t.ro-. 
voice II space communication system. This work was done by Avco Corporat,ion:s 
Research and Advanced Development Division (AVCO-MD) for the Nations.1 Aero... 
nautics and Space Administration under Contract NASW-.586. 

The Astrovoice II space communication system is intended for use in tra.9.s.. 
mitting voice or other data from a spacecraft to one or more ground s+:at.ion.s 
via a radar beacon, or transponder, in the spacecraft and ground or ship 
based tracking radar equipment. This is accomplished without interferenre 
with the radar equipment's primary function -- tracking. 

Prior to transmission, the information is processed in an encoder to pro... 
duce a train of pulse position modulated pulses. These pulses, received 
by the tracking radar equipment, are decoded, or demodulated, to reproduce 
the information presented for transmission. Voice data ca.n be encoded., 
transmitted, and decoded into intelligible speech of good quality. 

Use of the radar beacon and tracking equipment, which operate at C-band 
frequencies, enables communication to be maintained even during hyper.-sonic 
re-entry. Signals transmitted at that frequency, although attenuated bv the 
plasma surrounding the craft during such re-entry, are propaga.ted with suffi- 
cient strength to enable their reception by suitable radar equipment. 

The initial Astrovoice system was conceived, designed, and developed by Avco-. 
PAD. Subsequently, Avco-RAD submitted a proposal to NASA, Avco dot-.xment RAD 
MS-62-53~(~), which presented a program for research and development perta!n.- 
ing to re-entry communication techniques based upon the following-.list,ed 
specific tasks: 

Task I Encoding/Decoding Equipment Development 

Task II Operational Equipment Analysis 

Task III One-Way Re-entry Communication System Design 

Task IV P.ropagation Analysis Comparison to Project Merc,lry 
Plight Test Data 

Task V Propagation Analysis for Current Manned Spacecraft 
Programs 

Task VI Two-Way Re-entry Communication System Design. 

Contract Number NASW-586, under which the work described in th!.e final report 
was performed, essentially covered efforts to be expended in accomplishing 
the first two of these tasks. 
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Both of these tasks were completed successfully. On this basis, Avco-RAD 
now recommends that the program be continued through completion of the re- 
maining four tasks. 

In addition to this final report, a magnetic tape recording* has been pre- 
pared to demonstrate the performance of the breadboard model of the Astro- 
voice II system as developed under contract NASW-586. The reCording,Vhich 
is being submitted to NASA, presents comparative data indicating the quality 
and intelligibility of unprocessed speech, speech processed by the Astro- 
voice II system operating in each of two modes (with, and without radar 
interrogation of the beacon), and speech processed by a high-,gain clipper 
audio type speech processing system. The selection used for comparison is 
a recording made by Lt. Col.John Glenn and supplied to Avco-RAD by NASA. 

* Identified by Avco-RAD as TIDM-F&50-1300. 
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SECTION III 

Results of the Astrovoice II system design and development program demonstrate 
that use of a synchronous rectangular audio technique for speech processing 
is feasible and that speech processed in this manner can then be transmitted 
after encoding according to a pulse position modulation scheme. 

This approach to space communication offers substantial advantages in that 
high intelligibility, reasonably good quality speech output can be ob- 
tained for relatively low pulse rates (on the order of 3700 pulses per second). 

Use of the synchronous rectangular audio speech processing system offers a 
2 to lpulse rate advantage over constant frequency sampling speech process- 
ing of similar quality. when using a voice operated transmission (VOX) and 
squelch circuit in the former system and an advantage of 4 to 3 when such a 
circuit is not used. 

Synchronous rectangular audio processed speech is clearly superior to speech 
processed by clipper audio systems. Clipper audio processed speech is sub- 
ject to severe degradation in speech quality and intelligibility due to lost 
pulses during transmission. In addition synchronous rectangular audio pro- 
cessed speech is free of the annoying inter-word and inter-sentence noise 
common to speech processed by clipper audio systems. 

i’ 
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SECTION IV 

RECOMMENDATIONS 

AVCO-RAD recommends that design and development efforts on the Astrovoice II 
system using encoder-generated synchronization pulses be extended to the 
following-listed areas: 

1. 

2. 

3. 

4. 

5. 

Development of a phase-lock system to be incorporated in the de- 
coder to improve system accuracy by minimizing the effects of 
Doppler shift. 

Incorporation of a suitable voice-operated transmitter (VOX)- 
squelch circuit in the encoder. Techniques suitable for this ap- 
plication have already been developed in communications practice. 

Construction and flight-test of an operational one-way Astrovoice 
II communication system. 

Design, development, construction, and flight test of a two-way 
Astrovoice II communication system. 

Analysis of manned spacecraft re-entry trajectories to obtain 
signal propagation predictions applicable to employment of 
Astrovoice II communication systems on current and projected 
space flights, both of the manned and un-manned, or probe, type. 
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SECTION V 

DISCUSSION 

5.1 GENERAL 

Section V of this report presents detailed information about the work per- 
formed by Avco Corporation's Research and Advanced Development Division 
(Avco-RAD) in fulfillment of Tasks I and II of Contract Number NASw-5%. 

This section provides a detailed description of the Astrovoice II system 
and its components, details the work performed and the methods employed in 
designing and developing the Astrovoice II system, and presents results of 
a concurrent and associated human factors engineering study of speech 
intelligibility. 

Section V is arranged as follows: 

5.2 Astrovoice II System 

5.3 Encoder System 

5.4 Decoder System 

5.5 Radar Equipment 

5.6 Speech Intelligibility 

5.7 System Performance 

A general description of the over-all 
system. 

A detailed description of the encoder 
system, including the synchronization 
and speech processing subsystems. 

A detailed description of the decoder 
system, including the synchronization 
and pulse-to-speech demodulating sub- 
systems. 

A detailed description of investigations 
and analyses made on the radar equipment 
to be used in conjunction with the encoder 
and decoder systems. 

A report on results of a human factors 
engineering study of the speech in- 
telligibility obtained during operation 
of breadboard models of the Astrovoice II 
system. 

A description of various experiments per- 
formed and of the results of those experi- 
ments, and of results of a comparative 
study of three different types of speech 
processing systems. 
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Section V indicates various design approaches considered during the pro- 
gram, the criteria for selecting the approaches used, and, in some cases, 
promising approaches for improving future systems. 

In general, figures referred to under each of the main paragraph headings 
(5.1, 5.2, etc.) of this section follow the last page of text under 
that heading. 
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5.2 ASTROVOICE II SYSTEM 

The Astrovoice II system is a space communication system designed and developed 
by the Research and Advanced Development Division of the Avco Corporation 
(Avco-RAD). The work was performed in accordance with Tasks I and II of 
Contract No. NAsw-586. The system is designed to enable voice transmission 
from a spacecraft to one or more ground stations via a radar tracking link. 
The complete communication system, as developed under the current contract, 
consists essentially of an encoder system in the spacecraft, a decoder system 
at the ground station, and conventional C-band radar tracking equipment. 
The tracking equipment includes a beacon and antenna on the spacecraft and 
a ground-based radar set with its antenna. 

The complete system is identified as the Astrovoice II system to distinguish 
it from an earlier similar space communication system designed and developed 
by Avco-RAD. 

The Astrovoice II encoder, and decoder systems are shown, in block diagram 
form, on Figures 5-1, 5-2, and 5-3, respectively. 

The encoder and decoder systems are described in paragraphs 5.3 and 5.4, 
respectively. 

Various radar sets, together with their beacons and antennas, are described 
in paragraph 5.6. 

Unless otherwise noted, it will be assumed that the Astrovoice II system 
will be operating in conjunction with the type ITS-16 radar equipment. This 
equipment has a pulse rate of 142 pulses per second, as described in para- 
graph 5.6. The Astrovoice II system is capable of ready adaptation to other 
pulse rates as indicated in various paragraphs of this report. 
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5.3 ENCODER SYSTEM 

The Astrovoice encoder system consists essentially of two subsystems -- the 
encoder synchronization (sync) subsystem (ESS) and the encoder speech pro- 
cessing subsystem (ESPS). These subsystems are described in detail in para- 
graphs 5.3.1 and 5.3.2, respectively. 

The encoder system, shown in block diagram form on Figure 5-2, receives 
ground pulses through the C-band beacon and antenna and provides appropriate 
voice signals to the same beacon and antenna for transmission to one or more 
ground stations. 

In this report the term "ground pulse trainll is used to refer to the series 
of pulses transmitted by the FPS-16 radar set at the rate of 142 pulses per 
second (pps). The terms "ground pulselt and "ground pulsesW are used to refer 
to one or more of the individual pulses in the ground pulse train. 

5.3.1 Encoder Synchronization Subsystem 

In combination, the encoder synchronization subsystem (ESS) and the encoder 
speech processing subsystem (FSPS), together with the microphone and micro- 
phone smplifier used to provide voice input to the ESPS, compose the complete 
Astrovoice II encoder system. The ESS operates in direct conjunction with 
the C-band beacon as well as with the ESPS. 

Major design criteria for the ESS included those imposed by the need to: 

Be compatible with the ESPS. 

Meet Astrovoice II encoder system synchronization requirements. 

Avoid any interference with the tracking functions of the radar 
equipment. 

Among the compatibility factors which influenced ESS design are the following- 
listed characteristics of the ESPS: 

1. A pulse position modulation (PPM) technique is used to transmit in- 
formation regarding the amplitude of the waveforms used as the ana- 
log of speech information. 

2. The amplitude information is obtained by sampling the peaks and 
troughs of the speech analog waveforms. Peaks and troughs are de- 
fined as the zero crossings of the differentiated speech analog 
waveforms. 

3. The speech sampling pulses are obtained from the differentiated 
speech analog waveforms. 

4. Pulses at a constant clock rate of 18,176 pulses per second (pps) 
must be delivered to the ESPS described in paragraph 5.3.2. These 
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pulses are used to pulse position modulate the speech waveform. 
'l7b.e design of the ESPS is such that the amplitude information ob- 
tained by the sampling pulses is stored until arrival of a clock 
&Ike. At that time a delayed pulse, called a speech pulse, is 
transmitted to the beacon. The delay is proportional to the ampli- 
tude of the stored pulse. Only the delayed pulse, not the clock 
pulse, is sent to the beacon. 

5. Certain of the clock pulses are transmitted %O the decoder system 
via the beacon and tracking radar equipment. These pulses, which 
occur at a much slower rate than the normal clock rate, provide the 
decoder with synchronization reference data and are, therefore, 
called synchronization (sync) pulses. 

In meeting the synchronization needs of the Astrovoice II encoder system the 
ESS is designed to: 

6. Identify all ground train pulses present at the C-band beacon. 

7. Insure that all ground train pulses are transmitted without inter- 
ference by pulses produced by the encoder system. 

8. Provide means for synchronizing the decoder system, in both frequency 
and phase, with the basic pulse rate used by the ESPS in implement- 
ing the pulse position modulation techniques. 

9. Provide the pulses needed by the ESPS to convert speech analog 
waveforms to a pulse format for transmission to the decoder via 
the beacon and tracking radar equipment. 

The third major design requirement was the absolute necessity of avoiding 
interference with the basic tracking functions of the radar equipment with 
which the Astrovoice II system operates. Two different situations had to be 
considered: 

10. Non-interference with ground pulses from a single tracking radar 
set. 

11. Non-interference with ground pulses from more than one tracking 
radar set. 

A general description of the means of preventing interference with ground 
pulses follows. More detailed descriptions of the alternative approaches 
used in designing the ESS to avoid interference with the tracking functions 
are described in paragraphs 5.3.1.1 and 5.3.1.2. Radar design characteris- 
tics related to these situations are described in paragraph 5.6. 

If the time interval between two successive pulses received at the beacon is 
1~s~ than 75 microseconds (usecs), the beacon will lock out, that is, it will 
not transmit for an interval of 100 usecs. An analysis of the probability 
of ground pulse lock-out is given in paragraph 5-3.1.9. Absence of beacon 

5 “3-2 



transmissions will, of course, make tracking difficult and, if such 100 usec 
intervals occur too frequently, introduce errors in the tracking data.. Speech 
or sync pulses (or either a speech or sync Pulse and a ground pulse), there,- 
fore, must. not reach the beacon within the 75 usec interval since their arrival 
would trigger beacon lock-out. Accordingly, the encoder subsystem is so de.- 
signed that it can: 

12. Know in advance when a ground pulse will arrive. 

13 - Inhibit speech and sync pulses for a d.iscrete time interval before 
and after arrival of a ground pulse. 

The duration of the pre-ground pulse and post-gronnd pulse inhibit.. intervals, 
generally referred to in this report as the pre-inhibit and poat~~~itinibit in.- 
tervals, is on the order of 100 psecs. This provides an adequate safety mar.- 
gin. 

The pre-.inhibit interval prevents speech or sync pulses from reaching the 
beacon at a time when they could interfere with a ground pulse arriving or 
about to arrive at the beacon. In providing the pre-inhibit interval, the 
ESS design takes advantage of the fact that ground pulse trains from the 
tracking radar set or sets have a stable pulse rate ,I142 pps for the FPS-.16 
radar equipment). Arrival of a ground pulse at the beacon triggers a count- 
down sequence in the ESS which then provides a pre-inhibit interval prior 
to the expected arrival time of the next ground pulse in the ground pulse 
train. 

The post-inhibit interval prevents speech or sync pulses from reaching the 
beacon for at least 75 psecs (actually, approximately 100 usecs) after re-. 
ception of a ground pulse. This arrangement prevents beacon lock out and 
insures uninterrupted beacon transmission in reply to the ground pulses. 
The post-inhibit interval is triggered by reception of the ground pulse it-. 
self. Such intervals, therefore, follow each ground pdllse received at the 
beacon. 

A study of the effects of Doppler shift of the ground pulses indicates that 
system synchronization will not be adversely affected even by a. worst-case 
shift condition due to motion at a rate of 20,000 miles per holur. In that 
case the 7,000 psec period of the ground pulse train will shift no more 
than LO02 psecs .--a shift which the system can easily handle. 

5.3.1.1 Non-Interference With Ground Pulse s From a Single Tracking Radar Set 

Interference with ground pulses in a ground pulse train from a single track... 
ing radar set can be provided by use of a. reset type divider, or counter, used 
to reduce a high clock pulse rate to a lower pulse rate. Such a divider is 
shown on Figure 5-4. The clock rate of 145,408 pps is first reduced to a rate 
of 18,176 pps by a divide-by,,,eight divider (8D) and then reduced to a rate of 
142 PPS, which is the ground pulse rate, by a divide-by-one hundred twenty... 
eight divider (128Dj. This arrangement provides 128 distinct time divisions, 
each approximately 55 psecs long, between two successive ground pulses in a 
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ground pulse train. Reception of a ground pulse s&s l28D.to a count of 
126$. This count is defined as the mid-point in the time interval awing 
which l2.8D holds a count of 126. In this report the term window is used 
to refer to the time during which a divider or counter holds a particular 
count. For example, the 126 window (126~) means the time interval of 
approximately 55 psecs from the beginning of the period during which a 
divider holds a count of 1.26 until the beginning of the period during whi& 
the divider holds a count of 127. 

The time interval between the end of the period in which the l28D held a 
count of I24 (l24w) and the beginnjrng of the period during whjch the counter 
will hqld a count of I.27 (l27U), about 110 microsecon+., is used to provide 
the required 75-plus psec pre-inhibit interval for reception of the next 
expected ground pulse. 

To insure that no other pulses reset l28D to the l26-$ count, the circuits 
of the ESS are so arranged that once synchronization has been achieved only 
those pulses which reach 128D while it holds a count of 126, that is, during 
the 126 window, can reset the divider and thereby maintain synchronization. 

Prior to synchronization, however, the circuit arrangement is such that l28D 
can be reset to l2e by any ground pulse received at the beacon. The functions 
of acquiring synchronization, also referred to as operating in the acquisition 
mode, and of defining the system as being in synchronization (in sync) a;re 
implemented by another divider, the divide-by-sixteen divider (16D). The 
logical arrangement of 16D in the ESS is shown on Figure 5-5. This divider 
is triggered, or begins to count, 
tion pulse (LGSP). 

in response to a locally generated synchroniza- 
The LGSP occurs approximately at mid-point in the time 

interval during which 128 holds a count of 127. The divide-by-16 divider is 
always reset +o ZERO when a ground. pulse appears in the 126 window of l28D. 
As long as ground pulses appear during the 126 window of 328D, therefore, the 
system will remain synchronized. 

If 15 consecutive ground pulses are not received and counted during the 126 
window, 16D reaches a count of 15 and, by a self-locking feature, retains 
that count despite reception of additional LGSP's. When locked at a count 
of 15 in this fashion, the encoder subsystem is defined as being out of 
synchronization (out of,sync) with the ground pulse train. When 16D is locked 
at a count of 15, any ground pulse received at the beacon terminal resets all 
the dividers in the I333 (8D to a count of 4, l28D to a count of 1.26, aa 16D 
to a count of ZERO). The encoder system, when in this condition, is defined 
as operating, or being, in the acquisition (or out of sync) mode. Once the 
various dividers have been reset, the system is defined as operating, or being, 
in sync and the proper pre- and post-inhibit intervals are provided for the 
ground pulse train to which the system is synchronized. 

A major design advantage of this approach to encoder system synchronization 
is the ease with which the system can be adapted for synchronization with 
radar transmitters of various pulse rates. All that is needed for such adapta- 
tion is selection and use of a suitable clock rate or dividers. 
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For descriptions of the subsystem logic and electronic circuits used to j.mple- 
ment this design approach, see paragraph 5~3.1070 

5.3.1.2 Non-Interference With Ground Pulses From Multiple Tracking Radar Sets 

Alternative approaches csn be used to prevent interference.with ground pulsks 
in ground pulse trains from more than one tracking radsz set. The approaches 
generally differ from that used to avoid interference with ground pulses from 
a single tracking radar set. One of the alternative approaches employs a 
31-stage shift register type aelay line. The register arrangement is shown 
on Figure 5-6. 

The shift pulse rate of the register is 4,544 pps, 32 times that of the ground 
pulse rate of 142 pps. Ground pulses received at the beacon are loaded serial- 
ly into the shift register. The delsyed output of the register is then-used to 
initiate the pre-inhibit interval. The pre-inhibit interval ends either auto- 
matically at the expiration of a pre-determined time interval or with reception 
of the next ground pulse, according to which event occurs first. Normally, re- 
ception of the ground pulse occurs before expiration of the timed interval. The 
design is such that'mora than one.pulse can be propagated simultaneously through 
the shift register without interference with other pulses. 

Principal characteristics of this type of shift register as used in the ESS are: 

1. Shift pulses to the first stage of the shiftregister ccc-~&220 P=C inter 
vals. Thus, the resolution of the shift register delay line is 220 
psec since ground pulses are random in time in respect to shift pulses. 

2. The delay introduced by the shift register can vary between 6670 aa 
6890 psecs. Since gr0ma pulses in a ground pulse train occur at 
approximately 7042 psec intervals, pre-inhibit intervals varying from 
110 to 330 psecs can be produced. The average duration of the pre- 
inhibit interval is 220 )Isecs. 

3* Reception of the first ground pulse turns the first stage of the re- 
gister ON. .T!he shift pulse turns OFF those stages which are ON and 
simultaneously causes a delayed pulse to be transmitted to the next 
succeeding stage to turn that stage ON. Stages which are OFF do not 
transmit pulses to succeeding stages. Pulses are transmitted from 
stage to stage with a delay of 220 psecs per stage. Up to 32 pulses 
can be transmitted simultaneously through the shift register. 

The shift register can, therefore, provide the pre-inhibit intervals necessary 
to prevent interference with ground pulses reaching the beacon from more than 
one growa station. The register described here is designed to work with 
ground pulse trains having a basic pulse rate of 142 pps or an integral multiple 
of that rate. Interference with ground pulses occurring at other rates than 
142 pps can be prevented by using a different number of register stages, or a 
different shift pulse rate, or some combination of these modifications. 

For descriptions of the subsystem logic and. electronic circuits used to imple- 
ment this desie approach, see paragraph 5.3.1.8. 
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5.3.1.3 Formation of Synchronization and Modulation Reference Pulses 

The Astrovoice II encoder employs a pulse position modulation technique for 
transmittal of speech information. Only the modulated pulses, not the constant 
frequency pulses used as reference pulses in implementing the pulse position 
modulation (PlW) technique, are transmitted. The modulated pulses are general- 
ly referred to in this report as speech pulses. 

The Astrovoice II decoder, however, requires some type of modulation reference, 
or sync, pulses to enable demodulation of the pulse position modulated pulses 
to yield speech information. 

The sync pulses are transmitted at a rate much slower than the speech pulse 
rate. The decoder maintains synchronization by reference to a stable internal 
clock. This clock operdtes at the same pulse rate as the encoder clock. The 
decoder clock is synchronized with the encoder clock in both frequency and 
phase by the sync, or modulation reference , pulses transmitted by the encoder. 

Although the sync pulses contain no speech information, they are essential to 
the demodulation process. Accordingly, they have a higher priority than speech 
pulses in transmission from the beacon. Provision has, therefore, been made 
in the design of the encoder for a pre-inhibit interval designed to insure 
that speech pulses do not interfere with transmission of the sync pulses. Al- 
though sync pulses have a higher priority than speech pulses, they must not, 
however, interfere with the ground pulses received at the beacon. 

5.3.1.4 Sources of Sync Pulses 

Sync pulses can be derived either from ground pulses or from the encoder it- 
self, as follows: 

5.3.1.4.1 Sync Pulses from Ground Pulse Source 

If the beacon is within range of a tracking station and the tracking equip- 
ment is working properly, ground pulses will be available at the beacon. The 
ground pulses are an excellent source of sync pulses since they are protected 
from interference by an appropriate pre-ground pulse inhibit interval, as de- 
scribed in paragraph 5.3.1 and they have an almost constant pulse rate with 
a period of approximately 7,000 psecs (plus or minus 0.2 glsecs if the effect 
of Doppler shift is included). 

Incorporation of this approach in the basic clock rate divider system is shown 
on Figure 5-7. During the time interval between successive ground pulses the 
18,176 pps reference pulses will be phase synchronized with the ground pulse. 
Since the decoder and encoder each have both a clock providing pulses at a 
145,408 pps rate and a divide-by-eight divider (8D) which is reset to a count 
of 4 by the ground pulses, the decoder can reproduce the reference pulses at 
the same rate as they are produced by the encoder -4.. 18,176 pps. These pulses 
can then be used by the decoder in the demodulation process. 
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By using the ground pulses to synchronize the encoder reference plllses a re- 
solution of approximately 7 psecs (the inter-Puke spacing of the clock) can 
be obtained. Thus the 18,176 pps encoder reference pulse train will be'in 
phase within 7 psecs for the basic 55 usec reference pulse period. 

The same situation exists in the decoder.. The phase difference between the 
encoder and decoder 18,176 pps reference pulse trains, therefore, can only 
vary from a minimum of 0 usecs to a maximum of 14 psecs. kren this slight 
phase difference can be eliminated by incorporation of appropriate automatic 
frequency control features in the encoder and decoder clocks. 

If ground pulses from more than one tracking radar pulse train are to be re- 
ceived at the beacon, provision can be made for the encoder to identify by 
a special 'tag' the pulse train to which it is synchronized. Tkis avoids the 
possibility of the encoder and decoder being sychronized with ground pulses 
from different ground pulse trains. 

5.3.1.4.2 Sync Pulses from Encoder Source 

The encoder can provide its own sync pulses and transmit them to the beacon. 
Generation of such sync pulses can be completely independent of the encoder 
sync functions relative to generation of sync pulses derived from a ground 
pulse train. 

The method used for encoder generation of sync pulses is flexible. Certain 
pulses are selected from the train of modulation reference pulses entering 
the speech processing subsystem. The selected pulses, which occur at a rate 
much slower than the average rate of the speech pulses, are then transmitted 
as sync pulses to the beacon at a constant rate. These sync pulses are used 
to provide the decoder with the timing information necessary for demodulating 
the speech pulses. 

Implementation of this system of generating sync pulses requires incorpora- 
tion of two basic logic components in the encoder sync subsystem. One corn... 
ponent is used to provide the pre...grcund pulse inhibit int.erval necessary 
to prevent interference with the ground pulse trains by the speech or sync 
pulses. 'The second logic component provides modlllation reference pulses to 
the encoder speech processing subsystem and selects certain pulses from the 
modulation reference pulses. The selected pulses serve as sync pulses and, 
when considered as a series of pulses, they constitute a sync pulse train. 

A divider is used to select the sync pulses. The logic arrangement employed 
for the divider, which can consist of the divide-by-8 and divide-by-128 
dividers described previously, is shown on Figure 5-8. A flip-,flop (FF), or 
bi-stable multivibrator, is used in conjYmction with the divider to provide 
the pre-ground pulse inhibi.t intervals needed for ground pulse train protec- 
tion. When the FF is set to the ONE state, the FF output is applied to an 
inhibit gate to prevent transmission of modulation reference pulses. The 
free running clock, shorJn on Figure 5-8, is used to provide the encoder- 
generated sync pulses. It may be either the same clock as that used in the 
ground pulse train protection logic arrangement shown on Figure 5-4 or it 
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may be a completely different and independent clock. Provision is made in 
the selection of the divider to assure that the sync pulses are produced at 
a rate different' from the ground pulse rate. This is done to avoid possible 
ambiguity when both sync and ground pulses appear at the input to the decoder. 

Althou& operation of the encoder in generating sync pulses will be unaffected 
by the Doppler shift which will change the sync pulse period by the time the* 
sync pulses actually reach the decoder, provision must be made in the design 
of the decoder to compensate for the shift through incorporation of appro- 
priate frequency and phase control circuits in the decoder. 

5.3.1.5 Elimination of Noise Interference Resulting From Grolma Pulses 

Provision is made in the enccd.er designs for elimination of noise interference 
resulting from ground pulses. This is accomplished in the encoder by incor- 
porating suitable means for tagging the noise pulses resulting from ground 
pulses and in the decoder by incorporating suitable means for identifying ana 
then eliminating the noise pulses. 

Two circumstances combirie to produce the noise pulses. First, ground pulses 
normally occur at random times in relation to occurrence of modulation refer- 
ence pulses (MRP's). Second, in the PPM technique employed in the Astrovoice 
II system, the modtiation reference, or clock, pulse which occurs immediately 
following a peak/trough (P/T) pulse is time-modulated, or delayed, for a 
period of time proportionate to the amplitude of the speech waveform at the 
time the P/T pulse occurred. The actual delay may vary from 0 to 14 micro- 
seconds. Any ground pulse occurring during this delay period, or modulation 
interval (MI) as it is generally termed, would then be transmitted as a noise 
pulse of random amplitude. Presence of this noise pulse in the demodulated 
output of the decoder would produce noise interference. 

Means to prevent such noise interference have been provided, however. The 
encoder logic has been designed to use the modulation intervals as gates, or 
windows, during which the encoder senses whether or not a ground pulse is 
present. Whenever such sampling indicates that a ground pulse is present 
during the modulation interval, the encoder automatically produces a delayed, 
or tag, pulse and temporarily inhibits transmission of sync and speech pulses. 
A timing diagram showing the relationship between the ground pulses and the 
delay intervals is shown on Figure 5-9. The logic arrangement used to generate 
the tag pulse and to inhibit the sync and speech pulses is shown on Figure 
5-10. The tag pulse is used by the decoder to identify existence of a random 
amplitude noise pulse in the speech pulse train. Suitable means are then 
employed to eliminate the noise pulse and, therefore, the interference which 
it would produce if it were to appear in the demodulated output of the decoder. 

5.3.1.6 Alternative Approaches to Encoder Sync Subsystem Logic 

As noted previously (paragraphs 5.3.1-l and 5.3.1.2), the encoder sync sub- 
system can be designed to prevent interference with ground pulses from a 
single tracking radar set or, aiternatively, to prevent interference with 
ground pulses from more than one tracking radar set. Details of the encoder 
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sync subsystem logic used to implement these alternative design approaches 
are presented in paragraphs 5.3.1.7 and 5.3.1.8, respectively. 

5.3.1.7 Encoder Sync Subsystem Logic and Components (Single Ground Pulse Train) 

5.3.1.7.1 General 

Results of tests of an encoder sync subsystem designed to prevent interference 
with ground pulses from a single tracking radar Set indicate conclusively that 
the logic system described here and shown in block diagram form on Figure 5-11 
can be successfully implemented in an operational Astrovoice system. Binary 
solid-state (transistor/diode) dividers and standard-type solid-state (tran- 
sistor/diode) AND, OR, and IRRIBIT logic blocks, or modules, were used in 
constructing the subsystem. Logic operation was thoroughly tested, not only 
when operating the encoder sync subsystem alone, but also when operating the 
subsystem in conjunction with both the encoder speech processing subsystem 
and the complete d.ecOder system. 

It should be noted that the block diagram of this subsystem, shown on Figure 
5-11, represents an expansion and, to some extent, a revision of the diagrams 
shown on Figures 5-4, 5-5, 5-,7, 5-8, and 5-10. 

5.3.1.7.2 Subsystem Functional Requirements 

Analysis of design requirements for an encoder sync subsystem capable of trans- 
mitting voice data via a radar beacon without interfering with ground pulses 
arriving from a single tracking radar set indicated that the subsystem must be 
capable of performing the following-listed functions. 

1. 

2. 

3. 

4. 

5. 

6. 

Detecting sequential ground pulses. These pulses are normally time- 
spaced approximately 7,000 usecs apart. 

Providing pre-inhibit intervals adequate to prevent the comnunica- 
tion system from interfering with ground pulses reaching the beacon 
from the tracking radar set. 

Identifying, or tagging, ground pulses which could cause ncise inter- 
ference through their appearance in the time interval assigned for 
formation and transmission of pulse position modulated speech pulses. 

Providing serial synchronization, or sync, pulses time-spaced approxi- 
mateiy 7055 usecs apart. 

Providing pre-inhibit intervals adequate to prevent sync pulses from 
reaching the beacon at such times that their transmission might pro- 
vide spurious returns to the tracking radar set. 

Transmitting all speech pulses to the beacon. 
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7. providing adequate post-inhibit intervals for all sync and speech 
pulses appearing at the beacon closely following appearance of 
ground, SYNC, or speech pulses at the beacon. 

8. Transmitting pulses according to the following-listed order of 
priority to assure that speech pulses do not inhibit sync or 
ground pulses even during continuous encoder operation. 

a. Ground pulses. 

b. Sync pulses. 

C. Speech pulses. 

5.3.1.7.3. Component Functional Requirements 

The following list identifies the essential components required to mechanize 
the encoder sync subsystem logic and indicates their principal functions. 

1. A clock which provides basic timing data. 

2. A divide-by-8 divider (BD) used to provide modulation reference pulses 
@W'S) at a rate of approximately 18,176 pps. 

3. A divide-by-128 divider (128D) to enable pre-inhibit and post-inhibit 
intervals to be provided for every ground pulse and to provide syn- 
chronization pulses for the subsystem. 

4. A divide-by-16 divider (16D) and associated logic circuits to gate 
ground pulses entering the subsystem. 

5* A pre-inhibit flip-flop (PREI) used in conjunction with 128~ to 
provide pre-inhibit intervals. 

6. A monostable multivibrator to provide post-inhibit intervals for 
every pulse transmitted to the beacon by either the encoder system 
or the radar tracking set. 

7. An element to provide locally generated sync pulses ~:xsp~sj 0 

8. An element to prevent I@LP's from entering the encoder speech pro- 
cessing subsystem during the pre- and post-inhibit intervals. 

5.3.1.7.4 Component Operation 

The major components of the encoder sync subsystem designed to prevent inter- 
ference with ground pulses from one tracking radar set operate as follows. 
Interconnections between these components are shown on Figure 5-11. In the 
interest of conserving design effort, certain of the major components (crystal- 
controlled oscillator, regenerative clipper, clock pulse generator, and the 
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divide-by-eight and divide-by-l28 dividers) described here have been SO de- 
signed that they can be used alternatively in either the encoder or decoder 
sync subsystem with only slight modifications. 

5.3.1.7.4.1 Clock 

The clock is basically a crystal-controlled oscillator (CO) whose frequency 
of 145,408 pps is 1,042 times the rate of the ground pulses (142 pps). me 
clock provides basic timing information for the system. For a circuit descrip- 
tion and schematic diagram, see paragraph 5.3.1.7.6.1 and Figure 5-29, respective- 
ly* 

5.3.1.7.4.2 Regenerative Clipper 

The regenerative clipper (RC) produces square wave output signals in response 
to sinusoidal input signals received from the crystal-controlled oscillator. 
For a circuit description and schematic diagram, see paragraph 5.3.1.7.6.2 
and Figure 5-30, respectively. 

5.3.1.7.4.3 Divide-by-Eight Divider 

!Che divide-by-eight divider (8D) produces output pulses at a rate of 18,176 pps 
to trigger the clock pulse generator. Both ground phase (G$) and audio phase . 
(AAtp~r are produced. G# pulses are produced when 8D begins to hold a 

. They are in phase with the ground pulses used in synchronizing 
the encoder sync subsystem. A$ pulses are prodqced when 8D begins to hold 
a count of 8. 8D is reset by ground pulses via a counter reset circuit. The 
divider consists essentially of three bistable multivibrators, or binary 
dividers, interconnected logically as shown on Figure 5-12. The circuit of 
one stage of the divider is shown schematically on Figure 5-13. The multi- 
vibrators used in 8D are the triggered type A described in paragraph 5.3.1.7.6.5 
and shown schematically on Figure 5-33. 

5.3.1.7.4.4 Clock Pulse Generator 

The clock pulse generator (CPG) receives G$ and A$ pulses from 8D ana pro- 
vides G$ pulses to both the G# 127 AND gate (G# 127) and the pre-inhibit 
flip-flop (PREI), A$ 1 pulses to the modulation reference pulse (MRP) AND 
gate aa A$ 2 pulses to trigger l28D. The clock pulse generator is composed 
essentially of two monostable multivibrators. The multivibrators are similar 
to the type described in paragraph 5.3.1.7.6.3. For a circuit description 
and schematic diagram, see paragraph 5.3.1.7.6.3 and Figure 5-31, respectively. 

5.3.1.7.4.5 Divide-by-l28 Divider 

The divide-by-l28 divider (128D) receives A@ 2 input pulses from the clock 
pulse generator. It provides output pulses during the 124, 126, aa 127 
windows (l24tl, 11.2617, 12?7--that is, during the time (approximately 55 ysecs) 
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it holds a count of 124, 126, or l27). -The counter is reset to a point midway 
through the 126 window by sync pulses from a counter reset circuit. The point 
to which it is reset is generally referred to as the 12% window (126$w), 
The IL~~W, 126w, and 127~ output pulses are used as fo11ows: 

l24W and G$ pulses set the pre-inhibit flip-flop <PRE'). 

126~ and ground pulses synchronize the encoder sync subsystem 
via a reset OR gate and counter reset circuit which provide the 
sync pulses used to reset 8D, 128~, and the divide-by-16 divider 
(i6D) . 

127W and G$ pulses reset the pre-inhibit flip-flop and serve as 
locally generated sync pulses (LGSP'S). 

The divider consists essentially of seven serial bistable multivibrators, or 
binary dividers, interconnected logically as shown on Figure 5-14. The cir- 
cuit of one stage of the divider is shown schematically on Figure 5-150 Ne- 
gative outputs are used, thus 12710 is represented by a 00000002 output in- 
stead of by a 11111112 output. The binary output corresponding to each of 
the decimally-designated windows of concern is: 

Decimal Binary 

127 0000000 

126 0000001 

124 0000011 

The multivibrators used in 128~ are the triggered type B described in para- 
graph 5.3.1.7.6.6 and shown schematically on Figure 5-34. 

5.3.1.7.4.6 Divide-by-16 Divider 

The divide-by-16 divider (16D) receives input pulses from the divide-by-16 
lock-up circuit (l6DLU). 16D is always counting LISP pulses, except when 
self-locked. But when the ESS is in sync, 16D is reset to ZERO immediately 
before every count of one. When 16D holds a count of 15 it provides a ZERO 
output signal to the 15 window circuit (15W). This signal is used in the 
reset OR and counter reset circuits to gate ground pulses. 16DLU and 15W 
operate in conjunction with 16D to provide a self-locking feature. When- 
ever 16D holds a count of 15, 15W operates through 16DLU to inhibit further 
counting by 16D, thereby locking 16D at the count of 15- 16D is reset by 
sync pulses from the counter reset circuit. The divider is composed of 
four serial bistable multivibrators, or binary dividers, interconnected 
logically as shown on Figure 5-16. As shown on the schematic diagram of 
one stage of the divider, Figure 5-17, set and reset pulses are applied 
to the transistor bases. Negative outputs are used, thus 1510 is represent- 
ed by a 00002 output and 010 is represented by a 11112 output instead of 
by 11112 and 00002 outputs, respectively. 
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503.1.704.7 Fifteen-Window 

The 15 window circuit (15W) provides a ONE output signal to the divide-by-16 
lock-up circuit and to the reset OR gate in response to a ZERO level input 
signal from 16D. The input signal occurs when 16D holds a count. of 15" 15W 
is used, as noted previously, with 161, and 16DLU to provide 16D with self- 
locking capabilities. Basically 15W consists of a transistor inverter and 
a diode. The circuit is shown schematically on Figure 5-18. 

5.3-1.7.4.8 Divide-by-16 Lock-up 

The divide-by-16 lock-up circuit (16DLU) receives input signals from both 
15W and the G# 127 AND gate. l6DLTs is used, as noted previously, with l5W 
and 16D to provide 16D with self-locking capabilities. The circuit, shown 
in schematic diagram form on Figure 5-19, consists essentially of a. diode 
and a transistor arranged in an inhibit gate configuration. Locally generated 
sync pulses (LGSPps) coming to 16DLU from the G# AND gate are shunted to 
ground by the transistor whenever the 15W signal is present at 16DLU l:that 
is, whenever 16D holds a count of 15)0 As a result, the LGSP:s cannot enter 
16D and further counting by 16D is inhibited. 

5.3.1.7.4.9 Reset OR Circuit 

The reset OR circuit enables the counter reset circuit whenever either or 
both of the following-listed input signals are present: 

A 126~ signal (from 128~) e 

A l5W signal. 

The circuit, shown in schematic diagram form on Figure 5-20, is tnat of a 
two-transistor OR gate similar to that. described in paragraph 5.3.1"7.6.9 
and shown schematically on Figure j-37. 

5.3.1.7.4.10 Counter Reset 

The counter reset circuit receives input signals from the ground pulse detector 
and the reset OR circuit. 11, provides output signals in the form of sync 
pulses. These pulses are used to reset 8D, 128~, and 16D. The circuit, shown 
schematically on Figure 5..,21, consist,s essentially of an input stage followed 
by three pulse inverters. 

5.3.1.7.4.11 @ 127 AND Gate 

The @ 127 AND gate .(G$ 127) receives input signals from 127W .(from 128~) and 
from the clock pulse generator (14 pulses) D When both of these signals are 
present G# 127 provides locally generated sync pulses (LGSP:s). These pulses 
are used in the encoder sync subsystem for internal logic and timing purp.oses. 
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They are transmitted to the beacon when operating in the a.cq?lisition mode. 
The circuit, shown schematically on Figure 5,-22, issimilar to the AND gate 
circuit described in paragraph 5.3.1.7.6.8 and shown in schematic dia.gram 
form on Figure 5-36. 

5.3.1.7.4.12 Pre-Inhibit Flip-Flop 

The pre-inhibit flip-flop JPREI) is used to provide the pre-ground pulse re-. 
ception interval necessary to prevent sync or speech pulses from int.erfering 
with the ground pulses. PRFJ is set by @ pulse s when 128~ holds a count of 
124. Its output signal is applied to the modulation reference pulse AND gate 
(MRP AND) to prevent Ag pulses from entering the encoder speech processing 
subsystem, PREI is reset by the output of @ 127. The circuit, shown in 
schematic diagram form on Figure 5-23, is essentially similar to that. of the 
set-reset type bistable multivibrator described in paragraph 5.3.1.7.6.4 and 
shown schematically on Figure 5,-,32. 

5.3.1.7.4.13 Modulation Reference Pulse AND Gate 

The modulation reference pulse AND gate (MRP AND) is used to control entry 
of A$ 1 pulses into the encoder speech processing subsystem. The A@ 1 pulses 
can enter the speech processing subsystem except when either the pre-,inhibit 
flip-flop (PREI) or the post-inhibit monostable multivibrator are set. The 
output signals from PREI and PO1 are inverted to allow use of an AhD gate 
configuration. The MRP AND circuit is shown schematically on Figure 5.-24. 
It is a conventional AND gate similar to that described in paragraph 
5.3.1.7.608 and shown schematically on Figure 5-36. The latter figure shows 
the inverter transistors. 

5.3.1.7.4.14 Post-inhibit Monostable Multivibrator 

The post-inhibit monostable multivibrator (POI) is used to provide the post-, 
inhibit interval necessary to insure that ground, sync, and speech pulses do 
not occur on the beacon line less than 100 psecs apart. Thus no information 
can be lost due to beacon lock-out. PO1 is triggered by each pulse appear- 
ing on the beacon line, regardless of whether the pulse comes fram the beacon 
or from the encoder sync subsystem. The output signal from PO'I' is applied 
to MRP AND to control entry of A$ pulses into the sync subsystem. It is re- 
set automatically at the end of 100 psecs, thereby ending the post-inhibit 
interval. The circuit, shown schematically on Figure 5-25, is basically 
the same as that of the monostable multivibrator described in paragraph 
503.1.706.7 and shown schematically on Figure 5-35- 

5.3.1.7-4.15 Ground Pulse Detector 

The ground pulse detector CGPD) receives input signals from the beacon (ground 
pulses) and from the beacon driver (sync and speech pulses) 0 It provides an 
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output signal to the counter reset Circuit. Sync and speech pulses 
are self-inhibited whenever present at the GPD inputs. The GPD output signal 
is, therefore, produced in response to the ground pulse only. The GPD circuit 
is shown schematically on Figure 5-26. The Circuit is essentially the same 
as that of the inhibit gate described in paragraph 5.3.1.7.6.10 aa shown 
schematically on Figure 5-38. 

5.3.1.7.4.16 Beacon Driver 

The beacon driver (BD) provide; means for impedance matching between the 
encoder sync subsystem and the beacon. Input signals to the driver are 
either locally generated sync pulses (LGSP's) from G# 127 or speech pulses 
from the encoder speech processing subsystem. BD provides output signals 
(sync or speech pulses) to the beacon, to the ground jqlse detector (GPD) 
and to the post-inhibit monostable multivibrator (POI). The BD circuit is 
shown schematically on Figure 5-27. The circuit is essentially the same 
as that described in paragraph 5.3.1.7.6.1.2 and shown schematically on 
Figure 5-40. The principal difference is that the latter figure does not 
show the input transistors and associated components and circuits. 

5.3.1.7.5 Logic States 

Pescriptions of the various states of the encoder sync subsystem logic and 
of the state of individual components at each state of the encoder sync sub- 
system logic follow. The logic flow diagram shown on Figure 5-28 indicates 
basic interrelationships between the various logic states. 

STATEI 

a. 

b. 

C. 

STATE II 

a. 

No ground pulses being received at the encoder 

The pre-inhibit flip-flop 
phase pulse (@) 

(PBEI) is set to a ONE state by a ground 
f rom the clock pulse generator (CPG) when the 

divide-by-one hundred twenty-eight divider (128D) holds a count 
of l-24. PRFI is reset, or cleared, to a ZEX?O state by the output 
of the G# 127 AND gate (G$ 127). 

The divide-by-sixteen divider <16D) is locked at a count of 15. 

The G$ 127 and the modulated audio phase 1 (A# 1) signals (speech 
pulses) are being transmitted to the beacon. The A@ 1 signals 
serve as module.tion reference pulses and they are, accordingly, 
transmitted to the encoder speech processing subsystem. The 
G$ I.27 and s peech pulse outputs also trigger the post-itiibit. one- 
shoi multivibrator (POI) . 

A gr0un.a pulse arrives 

The divide-by-*eight divider I8D) is set to a count of four and 1281, 
is set to a cotin+, of 126. 
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b. Arrival of the ground pulse sets 16D to a ZERO count and G# 127 
produces a count of ONE. 

NOTE: Both a. and b. occur when a ground 
pulse appears either: 1) during the 126 
wi.ndow (-that is when 128~ holds a count 
of 126) or 2) following STATE I. 

c. PREI is set to a ONE state when 128D holds a count of 124. 
PREI is reset to the ZERO state tihen 128~ holds a count of 127. 

a. The ground pulse and speech pulse signals are being transmitted. 
These signals also trigger POI. 

NOTE: The encoder system is then, by 
definition, synchronized, or 'in sync:. 

STATE III-l From one to fourteen consecutive ground pulses, in-. 
elusive, are absent from a ground pulse train while 
128~ holds a count of 126 

a. 16D counts the LGSP's. 

b. PREI is set to a ONE state by pulses from the CPG when 128~ holds 
a count of 124. PREI is reset to the ZERO state by the output of 
@ 127. 

C. Only the speech pulse signal is being transmitted. This signal 
also triggers POI. 

STATE III-2 The ground pulse arrives lJhile 128D holds a couni- 
of 126 and before 16D reaches a count of 15 -- 

a. 16D is reset to a count of ZZRO. 

b. The encoder sync subsystem reverts automatically to STATE :I,. 

STATE III-3 No ground pulses are received immediately (iwithin approxi.- 
mately 7,000 psecs) after 16D reaches a count of 15 -___ -- 

a. 16D is locked at a count of 15. 

b. The encoder sync subsystem automatically reverts to STATE .'I. 

5.3.1.7.6 Basic Encoder/Decoder Sync Subsystem Circui-ts 

Descriptions of the basic electronic circuits used to perform logic and timing 



functions in the encoder and decoder sync subsystems follow. Applications 
for these circuits in the encoder and decoder sync subsystems are described 
in paragraphs 5.3.1.7, 5.3.1.3, 5.3.2.1, 5.4.1.4, and 5.4.2.1. 

5.3.1.7.6.1 Crystal-Controlled Oscillator 

The crystal-controlled oscillator circuit is shown in schematic diagram form 
on Figure 5-29. The output frequency is 145,408 pulses per second. This 
frequency is maintained within 0.01s by a feedback loop which employs a series 
resonant 145,408 pps crystal. A tank circuit is used in the collector out- 
put to center the alternating current (AC) output around 3.8 volts. This 
voltage is then applied to the buffer amplifier stage which provides a 5-volt 
peak-to-peak (p-t-p) sinusoidal output signal. The output impedance is approxi- 
mately 200 ohms. 

5.3.1.7.6.2 Regenerative Clipper 

The regenerative clipper circuit is shown in schematic diagram form on Figure 
5-30. A conventional Schmitt-type trigger circuit is used to produce a square 
wave output signal in response to a sinusoidal input signal. Input is from 
the crystal-controlled oscillator. Output is to the divide-by-eight divider. 

5.3.1.7.6.3 Clock Pulse Generator 

The clock pulse generator circuit is shown schematically on Figure 5-31. 
The clock pulse generator is, essentially, a monostable multivibrator. Ibe 
square wave output pulse width is approximately 1 ,usec. It receives input 
pulses and provides output pulses in the encoder and decoder sync subsystems 
as follows: 

Input From Sync Subsystem 

Audio Phase (A$) 8~ Encoder & Decoder 

Ground Phase (G@ 8~ Encoder & Decoder 

output 

Audio Phase 1 (A$ 1) 

Audio Phase 2 (A$ 2) 

To - 

MRP Gate 
128~ 

Mono 
128~ 

Sync Subsystem 

Encoder 
Decoder 

Encoder 
Decoder 

Ground Phase (@) Encoder 
Encoder 

Decoder 
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5.x.1.7.6.4 Bistable Multivibrator, Set-Reset Type 

The set-reset ty-pe bistable multivibrator is a standard flip-flop. A typical 
circuit is shown in schematic diagram form on Figure 5-32. Set and reset 
voltages are applied to the bases of the transistors. Output signals are 
taken from the opposite collectors. By definition, a set input applied at 
A produces a ONE output signal at C and a reset input applied at B produces 
a ZERO output signal at C. 

5.3.1.7.6.5 Triggered Bistable Multivibrator, Ty-pe A 

The triggered bistable multivibrator, ty-pe A, cickuit is shown schematically 
on Figure 5-33. It is essentially a binary divider operating on a square 
wave input signal. It is triggered and reset by pulses applied to the 
collector of the reset transistor. The reset pulse width is approximately 
2 pets. 

5.3.1.7.6.6 Triggered Bistable Multivibrator, Type B 

The triggered bistable multivibrator, ty-pe B, circuit is shown schematically 
on Figure 5-34. It is essentially a binary divider. It is triggered by 
pulses applied through steering circuits to the bases of the transistors. 
These pulses are normally received from the collector circuits of a preceding 
similar multivibrator. The output signal is obtained from the transistor 
collector circuits through a diode. The divider is reset by a drop in the 
collector voltages. 

5.3.1.7.6.7 Monostable Multivibrator 

A typical monostable multivibrator circuit is shown in schematic diagram form 
on Figure 5-35. The circuit is designed to employ two different voltage levels. 
This arrangement provides a relatively simple method of: 

1. Improving timing accuracy by allowing the capacitor, C, to be dis- 
charging on the steep portion of the exponential curve when the 
multivibrator returns to the stable state. 

2. Improving recovery time while also saving power by enabling use of 
a relatively low value resistor in the low voltage power supply. 
If only a high voltage power supply were used, the resistance value 
would have to be considerably greater. 

The multivibrator period is approxima.tely: 

T 5% (47 x 103) (C) (In b/3) 
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Where: 

T = multivibrator period. 

C = capacitance 

ln = natural logarithm. 

5.3.1.7.6.8 AND .Gate 

A typical AND gate circuit js shown in schematic diagram form on Figure 5-36. 
The two input transistors actually perform an inverting function. They can 
be considered as corresponding to the transistors in a monostable multivi- 
brator or standard flip-flop, depending upon the circuit arrangement used. 
Be definition,input signals must be present at both A and B to produce an 
output signal at C. 

5.3.1.7.6.9 OR Gate 

A typical OR gate circuit is shown in schematic diagram form on Figure 5-37. 
A positive-going input signal applied to either A or B or to both A and B 
causes the voltage at C to drop to ground level. 

5.3.1.7.6.10 Inhibit Gate 

A typical inhibit gate circuit is shown schematically on Figure 5-38. An 
input signal at B inhibits an input signal applied at A, thereby preventing 
an output signal from appearing at C. When input A is not inhibited the out- 
put at C is the inverse of the input at A. 

5.3.1.7.6.11 Inverter 

A typical inverter circuit is shown in schematic diagram form on Figure 5-39. 
The output signal at B is the inverse of the input signal applied at A. 

5.3.1.7.6.12 Beacon Driver 

The beacon driver circuit is shown in schematic diagram form on Figure 5-40. 
The circuit essentially performs & impedance matching function, thereby serv- 
ing as an impedance transformer. It is used to drive a 47 ohm load -- the 
C-band beacon. By suitable component selection the beacon driver circuit can 
be readily modified to drive loads of other impedance values. 

5.3.1.8 Encoder Sync Subsystem Logic and Components (Multiple Ground Pulse Trains) 
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5.3.1.8.1 General 

The logic and components of an encoder sync subsystem designed to prevent 
interference with ground pulses from multiple tracking radar sets are de- 
scribed in the following paragraphs (paragraphs 5.3.1.8.2 through 5.3.1.8.4). 
The block diagram of the subsystem is shown on Figure 5-41. This diagram 
represents an expansion and, to some extent, a revision of the diagrams 
shown on Figures 5-6, 5-8, and 5-10. 

To assure adequate evaluation of the feasibility of such a sync subsystem, 
the initial 'paper' design effort was extended to definition of actual logic 
elements and their detailed functions and to selection of the electronic 
circuits needed to mechanize the logic. In addition, individual components 
or circuits were either purchased or constructed in breadboard model form 
and then tested. A ::c,::-+!:'cte model of the over-all encoder sync subsystem 
of the type described here was constructedand tested with successful results. 

5.3.1.8.2 Subsystem Functional Requirements 

Analysis of design requirements for an encoder sync subsystem capable of trans- 
mitting voice data via radar beacon without interfering with ground pulses 
arriving at the beacon from more than one tracking radar set indicated that 
the basic subsystem functional requirements were essentially the same as 
those for a sync subsystem capable of preventing interference with ground 
pulses reaching the beacon from a single tracking radar set. These require- 
ments are descri.bed in paragraph 5.3.1.7.2. However, the additional capability 
of preventing interference with ground pulses in ground pulse trains not from 
one but from multiple tracking radar sets has to be included. 

5.3.1.8.3 Component Functional Requirements 

The following list identifies the essential components required to mechanize 
the encoder sync subsystem and indicates their principal functions. 

1. A clock which provides basic timing data. 

2. A divide-by-l,032 divider (1032D) used to provide sync pulses at 
a rate of approximately 141 pps and to provide a pre-inhibit inter- 
val of approximately 110 psecs. 

3. A divide-by-32 divider (32D) used in series with a 31-element shift 
register to enable a pre-inhibit interval of from 110 to 330 psecs 
to be provided for every ground pulse. The ground pulses may occur 
in ground pulse trains from several as well as from only one track- 
ing radar set. Typically, they occur at a rate of 142 pps. 

4. A flip-flop and a monostable multivibrator used in combination not 
only to provide tag pulses for any ground pulse received during 
the modulation interval (14 usec, maximum) but also to provide a 
Ire-inhibit interbal for such tag pulses. 
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5. An element to provide modulation reference pulses to the encoder 
speech processing subsystem as well as means to suppress such 
pulses during the pre- and post-inhibit intervals. 

6. A monostable multivibrator to provide post-inhibit intervals for 
every pulse transmitted to the beacon by either the encoder system 
or the radar tracking sets. 

5.3.1.8.4 Component Operation 

The major components of the encoder sync subsystem designed to prevent inter- 
ference with ground pulses from multiple tracking radar sets operate as follows. 
The components referred to here are shown on Figure 5-41. 

5.3.1.8.4.1 Clock 

The clock is basically a crystal-controlled stable oscillator whose frequency 
of 145,408 pps is 1,042 times the rate of the ground pulses (142 pps). The 
clock provides basic timing information for the subsystem. 

5.3.1.8.4.2 Divide-by-1032 Divider 

The divide-by-1032 divider (lO32D) is a free running divider which receives 
input pulses directly from the clock. The divider consists essentially of 
eleven core/transistor logic elements (CTL's 1 through 11, inclusive). The 
output pulses from the divider serve as sync pulses. Three core/transistor 
logic elements (CTL's 12-14) and two core/transistor register stages (CTR's 
32 and 33) are used to provide pre-inhibit intervals for the sync pulses. 
The period (approximately 7,097.2 ysecs) of the 140.9 pps sync pulses is 
approximately 55 psecs longer than the 7,042 psec period of the 142 pps 
ground pulses. 

5.3.1.8.4.3 Divide-by-32 Divider 

The divide-by-32 divider (32D) is a five-stage divider consisting essentially 
of five of the core/transistor logic elements (CTL's 1 through 5, inclusive) 
also used in lO32D. 32D is used to divide the basic clock frequency of 
145,hO8 pps by 32 to produce pulses at a rate of 4,544. These pulses, which 
have a period of approximately 220 psecs, are applied through three core/ 
transistor driver elements (CID's 1 through 3, inclusive) to a 31-stage shift 
register. 

5.3.1.8.4.4 Thirty-one Stage Shift Register 

The 31-stage shift register is a delay-line type shift register which con- 
sists of 31 core/transistor register stages (CTR's 1 through 31, inclusive) 
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used in conjunction with three core/transistor logic elements (CTL's 15, 16, 
17) * The register contents are shifted every 220 usecs in response to the 
output pulses from 32D. Ground pulses entering the register from the beacon 
initiate the shifting operation. Use of the shift register enables delays 
of from 6670 to 6890 psecs to be produced. The delayed output of the shift 
register (CTL 16 output) is used to set a flip-flop (FFA) to the ONE stage, 
thereby initiating the pre-inhibit interval necessary to prevent interference 
with the next sequential ground pulse in the ground pulse train. This follow- 
ing ground pulse terminates the pre-inhibit interval by resetting FFA to the 
ZERO state. The pre-inhibit interval can vary from 110 to 330 psecs. The 
average pre-inhibit interval, however, is on the order of 220 P sets, which 
means that approximately four speech pulses are inhibited during each pre- 
inhibit interval. If for some reason the ground pulse train should end, the 
pre-inhibit interval is automatically terminated 330 usecs after its initia- 
tion (by CTL 17's output). This description is based upon a system capable 
of preventing interference with ground pulses coming from one or more track- 
ing radar sets, each operating at a 142 pps rate or at some even multiple of 
that rate. Some modification would be required in the sync subsystem, pri- 
marily in the dividers and register, if a different ground pulse rate were 
used. 

5.3.1.8.4.5 Flip-Flop A 

Flip-flop A (FFA) is a bistable multivibrator used to provide pre-inhibit 
intervals to protect ground pulses from interference. It is set to a ONE 
state by the delayed output of the 31-stage shift register. It is reset to 
the ZERO state by the ground pulse next following the ground pulse which ini- 
tiated operation of the shift register, or by CTL 17's output, as described 
in 5.3.1.8.4.4, above. 

5.3.1.8.4.6 Flip-Flop B 

Flip-flop B (FFB) is a bistable multivibrator used in conjunction with a mono- 
stable multivibrator (Mono B) to tag certain ground pulses to avoid noise inter- 
ference, as described in paragraph 5.3.1.5. 
the output of a core/transistor logic element 

FFB is set to a ONE state by 
(CTL 4) in 128~. It is reset to 

a ZERO state by the output of another core/transistor logic element (CTL 1) in 
128~. 

5.3.1.8.4.7 Monostable Multivibrator B 

Monostable multivibrator B (Mono B) is triggered when FFB is set to the ONE 
state by any ground pulse which occurs during the 14 usec modulation interval. 
The trailing edge of Mono B's 85 psec pulse is used (in TE) to generate a tag 
pulse which is transmitted through the beacon and radar receiving antenna to 
the ground-based decoder. 
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5.3.1.8.4.8 Divide-by-Eight Divider 

Four core/transistor logic elements (CCL's 1, 2, and 3 in 128~, and CTL 14) 
constitute a divide-by-8 divider (8D). They are used to divide the basic 
clock frequency of 145,408 pps by 8 to produce audio sampling pulses at a 
rate of 18,176 pps. These pulses, which have a period of approximately 
55 psecs, are transmitted to the encoder speech processing subsystem. 

5.3.1.8.4.9 Monostable Multivibrator A 

Monostable multivibrator A (Mono A) is a one-shot monostable multivibrator 
which is triggered by every pulse which enters the beacon. It. is used to 
provide the post-inhibit interval for the ground pulses. Mono A's output 
pulse, which has a period of approximately 100 psecs, inhibits speech and 
sync pulses only. It does not inhibit ground pulses or tag pulses. 

5.3.1.8.4.10 Clock and Ground Pulse Amplifiers 

Two core/transistor logic amplifier elements (CTI's 1 and 2) are used to 
amplify the clock pulses and received ground pulses, respectively. 

5.3.1.9 Probability of Ground Pulse Lockout 

The probability of lockout of the first N pulses in a ground pulse train is 
very low. The term lockout, as used here, means blocking of a ground pulse 
through failure to provide the proper pre-inhibit interval necessary to pre- 
vent speech pulses from interfering with one or more ground pulses. The lock- 
out period is approximately 100 usecs. 

The probability of ground pulse lockout was evaluated for various given average 
speech pulse rates, that is, repetition rates of sampled peaks and troughs in 
the speech waveform. The results of the evaluation are summarized on Table 
F-1. In making the evaluation, it was assumed that any transmitted speech 
pulse preceding arrival of a ground pulse at the beacon by less than 75 psecs 
would cause lockout. Such a situation could occur when the initial pulse in 
a ground pulse train first arrives at the beacon because there is no way for 
the encoder system to know in advance when the first pulse in the ground 
pulse train will arrive. 

For a speech rate of 6 kilocycles per second (kc/s), the period is approxi- 
mately 167 psecs. The probability of lockout of the first ground pulse is, 
therefore: 

75 usecs 
= 45% 

167 psecs 
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TABLE 5-l 

Probability of Ground Pulse Lockout 

1 

2 

3 

4 

round Pulse 
Number 

Speech Pulse Rate 

9% 0 .34% I C .okqd 

4% 0 .05% -mm 

500 cps 

3.8% 

0.14% 

0.005% 

--- 
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and the probability of lockout of two successive ground pulses is: 

(.45)2 = 20% 

If the average speech pulse rate is assumed to be in the range from 1 to 
2 kc/s, inclusive, it can be seen from Table 5-l that the probability of 
lockout of N successive ground pulses, where N is equal to 1, 2, 3, or 4, 
is: 

N 1 2 3 4 

Lockout Probability ($> 7.5 to 15 0.56 to 2.3 0.042 to 0.34 0.05 

5.3.1.10 Encoder/Decoder Waveforms and Timing Functions 

A diagram illustrating pertinent waveforms as they appear in the encoder and 
decoder systems and basic timing relationships between various encoder and 
decoder system functions is shown on Figure 5-42. It should be noted that: 

1. The encoder system accepts a waveform analog of voice data and 
pulse position modulates it for transmission. 

2. The decoder system accepts pulse position modulated data, demodulates 
it, and produces a synchronous rectangular audio waveform. 

The synchronous rectangular audio waveform produced by the decoder system is 
the delayed inverse of the analog audio waveform accepted by the encoder sys- 
tem. The inversion and delay, however, have no adverse effects upon the in- 
telligibility of the demodulated voice data. 

5.3.2 Encoder Speech Processing Subsystem 

The encoder speech processing subsystem (ESPS) operates in conjunction with 
the encoder sync subsystem in preparing voice data for transmission from a 
spacecraft to a tracking radar via a radar beacon. 

The subsystem is designed to: 

1. Be compatible with the encoder sync subsystem (ESS). 

2. Avoid any interference with the tracking functions of the radar 
equipment. 

3. Provide pulse position modulated (PPM) voice data such that minimum 
intelligibility is lost in the modulation, transmission, and demo- 
dulation processes. 

The encoder speech processing subsystem was developed, constructed, in bread- 
board model form, and tested. Results of the tests conducted on the encoder 
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speech processing system alone and when operating it in conjunction with 
the encoder sync subsystem and the decoder system show that the design 
requirements were successfully met and that the design can be implemented 
in an operational encoder speech processing subsystem. 

5.3.2.1 Encoder Speech Processing Subsystem Logic and Components 

5.3.2.1.1 General 

The encoder speech processing subsystem is designed to convert a speech wave- 
form into a pulse train for transmission to a tracking radar via a radar 
beacon. The pulses in the train are pulse position modulated (PPM) with res- 
pect to basic clock pulses in such a manner that an intelligible facsimile 
of the speech waveform can be reconstructed by a suitable decoder. 

A logic diagram of the encoder speech processing subsystem is shown on 
Figure 5-43. 

5.X.2.1.2 Subsystem Functional Requirements 

Analysis of design requirements for an encoder speech processing subsystem 
capable of processing speech in a manner suitable for transmission via a 
radar beacon indicated that the subsystem must perform the following-listed 
functions: 

1. Derive from the speech waveform the amplitude and frequency in- 
formation required to describe the waveform with sufficient ac- 
curacy as to minimize loss of voice data intelligibility. 

2. Encode the amplitude and frequency information derived from the 
speech waveform by employment of a pulse position modulation 
technique in which the pulses representing frequency and ampli- 
tude information are modulated in time with respect to a basic 
clock pulse train. 

3. Transmit the pulse position modulated signal to the radar beacon. 

5.3.2.1.3 Component Functional Requirements 

The following list identifies and indicates the principal functional require- 
ments of the essential components required to mechanize the encoder speech 
processing subsystem logic. 

1. Audio input source. This is generally a magnetic tape recorder. 

2. An audio amplifier (AMP) used to provide sufficient gain to assure 
that the regenerative clipper will be able to operate over a broad 
dynamic range. 
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3. A filter (FL) which limits the audio signal bandwidth by attenuat- 
ing frequencies above 3,000 cycles per second (cps). The circuit 
is shown schematically on Figure 5-44. 

4. Several differentiators (Dl, D2, and D3) which apply a uniform 6 
decibels (db) per octave slope for low frequencies. The differen- 
tiators each consist essentially of a single resistance-capacitance 
(RC) section. The differentiator circuit is show-n in schematic 
diagram form on Figure 4-45. 

5. An integrator (INT) which applies a 6db per octave slope for high 
frequencies. The circuit used is shown schematically on Figure 
5-46. 

6. A regenerative clipper (CLP) used to provide a square wave output 
signal in response to a speech analog waveform. This is done to 
enable better definition of the waveform's zero crossings. The 
circuit is shown schematically on Figure 5-47. 

7. A phase inverter (PI) which inverts the output signal of the re- 
generative clipper. 'Ihe phase inverter is similar to that de- 
scribed in paragraph 5.3.1.7.6.11 and shown schematically on 
Figure 5-39. 

8. A flip-flop (FFl) which is used to perform essential logic functions. 
It can be set or reset. This flip-flop is similar to that describ- 
ed in paragraph 5.3.1.7.6.4 and shown schematically on Figure 5-32. 

9. A leading edge pulse generator (LEPG). This is a differentiating- 
type circuit employed to provide an output pulse coincident with 
the leading edge of a square wave pulse. The circuit is shown in 
schematic diagram form on Figure 5-48. 

10. Three trailing edge pulse generators (TEPGl, TEPG2, and TEPG3). 
Each is used to produce a pulse coincident with the trailing edge 
of a square wave pulse. Although the circuit is similar to that 
used in the leading edge pulse generator, it differs in that it 
contains an inverter element. The circuit is shown schematically 
on Figure 5-49. 

11. Two monostable multivibrators (MS1 and MS2). Each is used to 
generate an output voltage for a finite period of time following 
receipt of an appropriate input, or triggering, signal. At the 
end of that time the output voltage returns to the quiescent 
state level. These multivibrators are similar to those described 
in paragraph 5-3.1.7.6.7 and shown schematically on Figure 5-35. 

12. A sampler (SAM). The sampler continuosly monitors the amplitude 
of an applied waveform and, when triggered, places a specific 
charge on a capacitor in a pulse modulation monostable multivi- 
brator. The amount of charge is proportionate to the voltage 
level of the waveform at the time the sampler is triggered. A 
schematic diagram of the sampler circuit is shown on Figure 5-50- 
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13. A pulse modulation monostable multivibrator (PMS) which is used 
to provide delayed pulses. The circuit is that of a modified 
monostable multivibrator. When it is triggered, it provides 
a delayed output pulse. The delay is proportionate to the amount 
of charge on a capacitor in the multivibrator circuit. This is 
the capacitor charged by the sampler. A schematic diagram of 
the pulse modulation monostable multivibrator circuit is shown 
on Figure 5-51. 

14. Three OR gates (ORl, OR2, and OR3) are used. In each case, an 
output signal is produced in response to any one of several input 
signals or to any combination of such signals. The circuit is 
similar to that described in paragraph 5.3.1.7.6.9 and shown 
schematically on Figure 5-37. 

15. An AND gate (A) is used to perform essential logic functions. It 
provides an output signal only when all of its input signals are 
present simultaneously. The circuit is similar to that described 
in paragraph 5.3.1.7.6.8 and shown schematically on Figure 5-36. 

16. Two inhibit AND gates (AI1 and AI.2) are used. In each case the 
gate allows a signal received at its signal input terminal to be 
transmitted from the signal output terminal except when another 
signal (the inhibiting signal) is simultaneously present at the 
gate's inhibit input terminal. The circuit used is similar to 
that described in paragraph 5.3.1.7.6.10 and shown schematically 
on Figure 5-38. 

5.3.2.1.4 Logic Operation 

Operation of the encoder speech processing subsystem is described in para- 
graphs 5.3.2.1.4.1 and 5.3.2.1.4.2 and their subparagraphs. 

5.3.2.1.4.1 Peak/Trough Pulse Generation 

The peak/trough (P/T) pulse generation portion of the encoder speech pro- 
cessing subsystem logic provides pulse-type signals coincident with the 
peaks and troughs of an audio input signal. These pulse-type signals are 
referred to in this report as peak/trough (P/T) pulses. They are produced 
as follows. 

An audio input signal is amplified and then differentiated in (DI), filtered 
by FL, and then processed by the regenerative clipper (CLP). The output of 
the regenerative clipper is sent to both a phase inverter (PI) and a second 
differentiator (D2). The output signal from the phase inverter is again 
differentiated, in D3. The output signals from differentiators D2 and D3 
are applied to the input terminals of an OR gate (01) whose output provides 
pulses coincident with the peaks or troughs of the amplified audio input 
signal. The output of the filter (FL) is also used to drive a low output 
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impedance type of integrator (Im) whose output signal within the 3 kilo- 
cycles per second (kc/s) p ass band of the low-pass filter approximates the 
true amplified audio signal. The peaks and troughs of the integrator's 
output coincide with the P/T pulses provided by the OR gate (01). 

5.3.2.1.4.2 Clock Pulse Selection and Sampling 

The clock pulse selection and sampling logic selects the clock pulses to 
be encoded with audio signal amplitude information and performs the encoding. 
Generally, the first clock pulse to OCCUR’ following a peak or trough in the 
amplified audio input signal is selected for encoding and sub- 
sequent transmission as a pulse position modulated (PPM) pulse, as described 
in paragraph 5.X.2.1.4.2.1. Occasionally there are deviations from this 
technique, as explained in paragraph 5.3.2.1.4.2.2. For a further discussion 
of the sampling process, see paragraph 5.3.2.2. 

5.3.2.1.4.2.1 Signal-Correlated Sampling 

In the signal-correlated sampling and encoding approach the peak/trough (P/T) 
pulses operate to set a flip-flop to a ONE state (FFI) . Concurrently, gated 
clock pulses are applied to FFI at a constant rate to reset it to a ZERO 
state. The first P/T pulse to occur sets FFl whose output is applied to 
an AND gate (Al), a leading edge pulse generator (LEPG), and a trailing edge 
pulse generator (TmGl). The output signal from the leading edge pulse ge- 
nerator produces a pulse which turns on a monostable multivibrator (MS2) via 
an inhibit AND gate (Ail) and an OR gate (02). The output of the multivi- 
brator is used, via an OR gate (03) and an inhibit AND gate (AI2), to pre- 
vent clock pulses from resetting FFI to a ZERO state during the ON period 
of the monostable multivibrator (MS2). The period during which the multi- 
vibrator (MS2) is ON represents the sampling period during which the sampler 
(SAM), triggered by the output of the multivibrator (MS2), places a charge 
on a capacitor in the pulse modulation monostable multivibrator (PMS). The 
amount of charge corresponds to the amplitude of the audio waveform at the 
output of the integrator (INT). Ihe first clock pulse to occur, after the 
sampling period, is then selected to reset FFl and to generate a pulse, 
through a trailing edge pulse generator (TFPGl), to trigger the pulse modu- 
lation monostable multivibrator (PMS) . The period of this multivibrator is 
directly proportional to the charge placed on its capacitor by the sampler 
(SW * At the end of the period during which the pulse modulation monostable 
multivibrator (PMS) was ON, a pulse is appiied through a trailing edge pulse 
generator (TEPG3) to a beacon trigger circuit. 
pulse generator (TEPGl) 

The pulse from trailing edge 
is also used to trigger a monostable multivibrator 

(MSl) to provide a post-inhibit interval during which no clock pulses can 
be selected. 

5.3.2.1.4.2.2 Non-Signal-Correlated Sampling 

In the signal-correlated sampling approach described in paragraph 5.3.2,1.4.2.1, 
one or more P/T pulses may occasionally occur during the post-inhibit inter- 
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val. Sampling cannot be accomplished when this occurs because the sampler 
(SAM) cannot be triggered since flip-flop 1 (ml) will be set to a OBE state. 

As an alternative to this approach, a non-signal-correlated sampling tech- 
nique is employed. In this technique, 
(TEPG2) trigger 

a trailing edge pulse generator 
s the monostable multivibrator (MLS2) whose output is then used 

to trigger the sampler (SAM). This enables sampling to take place. From 
that point on, operation of the subsystem is the same as in the signsl-correlat- 
ed sampling technique, with the exception that the sampie read into the pulse 
modulation monostable multivibrator (PMS), in the form of a charge placed 
by the sampler (SAM) on a capacitor in the multivibrator, and subsequently 
transmitted to the beacon is a non-signal correlated sample of the amplitude 
of the audio input waveform. 

5.3.2.2 Sampling Process 

Use of a high clock pulse rate to increase the "P/T pulse/selected clock 
pulse" timing accuracy made it necessary to provide a post-inhibit interval. 
Suitable logic has been incorporated, therefore, in the encoder speech pro- 
cessing subsystem to perform this function. 

In the signal-correlated sampling process, the post-,inhibit interval inhibits 
sampling if a P/T pulse closely follows a previously selected clock pulse. 
This has certain undesirable consequences. 

If a third P/T pulse does not arrive for a considerable period of time sub- 
sequent to the end of the post-inhibit interval, the level of the sample 
taken in response to the first P/T pulse is retained in the decoder for an 
inordinate length of time, since no signal will have been received which 
could alter the level. As a result, the facsimile waveform produced by the 
decoder would be distorted and such distortion would adversely affect the 
quality of the speech reproduction. 

Deletion of any audio pulses from transmission causes some degradation of 
the facsimile waveform. Since a certain number of such pulses would be lost 
as a result of designing the system to assure protection of the radar track- 
ing pulse train against interference by extraneous pulses, it became impera-. 
tive to avoid unnecessary deletions. Accordingly, the non-correlated sampl- 
ing technique was adopted to complement the sample correlated technique. 
This not only makes it possible'to terminate the otherwise erroneously pro- 
longed level as it eventually appears in the decoder's output, but also, by 
furnishing a sampie (although an uncorrelated one) of the speech .i,raveform, 
supplies the decoder with correct amplitude information a.fter the post-inhibit 
interval. This information would be lacking if the signal-correlated sampl- 
ing approach alone were used. 
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5.4 DECODER SYSTEM 

The Astrovoice decoder system consists essentially Of two subsystems-- the 
decoder synchronization (sync) subsystem (DSS) and the decoder pulse-to- 
speech demodulation subsystem (PSDS). These are described in paragraphs 
5.4.1 and 5.4.2, respectively. 

The decoder system, shown in block diagram form on Figure 5-3, enables pulse 
position modulated (PPM) voice data received from a space vehicle via a 
tracking radar set to be demodulated. The decoder system is connected to 
the video detector circuit of the tracking radar set. 

As noted in paragraph 5 02, it is assumed for descriptive purposes that the 
decoder will be operated with a type FPS-16 tracking ra.dar set. Modification 
of the decoder system to enable it to operate with radar equipment of differ- 
ent characteristics can be accomplished with little difficulty. The principal 
changes would be in the various dividers and, possibly, in the clock rate. 

5.4.1 Decoder Synchronization Subsystem 

5.4.1.1 General 

In combination, the decoder synchronization subsystem and the decoder pulse- 
to-speech demodulation subsystem compose the complete Astrovoice II decoder 
system. The decoder synchronization subsystem (DSS) operates in direct con- 
junction with the tracking radar equipment as well as with the demodulation 
subsystem. 

5.4.1.2 Design Requirements and Criteria 

Major design criteria for the decoder sync subsystem included those imposed 
by the need to: 

Be compatible with the decoder pulse-to-speech demodulation system and 
with the encoder system. 

Meet Astrovoice II decoder system synchronization requirements, 

Avoid any interference with the tracking functions of the radar equipment. 

These requirements are essentially the same as those for the encoder sync sub- 
system, described in paragraph 5:3 :l. 

Operationally, the decoder sync subsystem must: 

1. Recognize sync pulses transmitted from the encoder system via the 
radar beacon and received by the tracking radar set. 
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2. Use the sync pulses from the encoder system to synchronize operation 
of the decoder with operation of the encoder system. 

3. Prevent sync pulses from the encoder from entering the pulse-to- 
speech demodulation subsystem. 

4. Allow ground pulses, if other than sync pulses, to enter the pulse- 
to-speech demodulation subsystem. Such ground pulses, if they are 
received, are suitably tagged prior to transmittal, as described 
in paragraph 5.3.1.5, to enable the decoder system to identify them. 
This enables subsequent elimination of the noise interference which 
they would otherwise produce. 

Essentially, therefore, the decoder sync subsystem must be capable of recogniz- 
ing and properly processing sync pulses. 

Three types of pulses appear at the input of the decoder: 

5. Ground pulses from the radar tracking equipment. These pulses contain 
tracking information. 

6. Sync pulses from the encoder system. These pulses provide the data 
required to synchronize operation of the decoder with that of the 
encoder. 

7. Speech pulses from the encoder system. 
position modulated (PPM) voice data. 

These pulses carry the pulse 

A suitable inhibit interval prevents 'main bang' pulses transmitted by the 
tracking radar set from interfering with decoder system operation. This 
interval, approximately 100 psecs long, is initiated by every pulse trans- 
mitted by the radar set. 

5.4.1.3 Sync Pulse Recognition 

Identification of sync pulses, either those derived from ground pulses or those 
generated in the encoder (locally generated sync pulses, LGSP's) by the decoder 
sync subsystem is facilitated by designing the subsystem to take advantage of 
the fact that such pulses occur at a fixed and known periodic rate. According- 
ly, sequential pulses entering the decoder system are tested to determine whether 
or not they recur at the proper intervals. Those which do are recognized as 
sync pulses and allowed to enter the decoder sync subsystem. Those which do 
not are inhibited and prevented from entering the sync subsystem. When the 
decoder sync subsystem is performing this check, it is defined as being, or 
operating, in the acquisition mode. 

In normal operation an incoming sync pulse will be tested and recognized as 
such. This and the immediately following sync pulses are then processed in 
the decoder sync subsystem to synchronize the decoder with the encoder system. 
Succeeding sync pulses are used to maintain synchronization. When synchronized 

5 04-2 



in this manner, the decoder is defined as being, or operating, in the in sync 
mode. 

If the series of properly time-spaced sync pulses is interrupted for some 
reason and the sync pulses fail to recur before the end of a specified inter- 
val, the decoder sync subsystem goes out of synchronization, or loses synchro- 
nization, and reverts to operation in the acquisition mode. 

It should be noted that the term "being 
(or more simply, I 

or operating, in the acquisition 
mode" acquisition mode and the term ))out of synchroniza- 
tion" (or out of sync) are used interchangeably and have the same meaning. 
Both terms describe the same mode of operation. Usually the term used is 
that which seems best to emphasize the particular operational aspect being 
described. 

5.4.1.4 Decoder Sync Subsystem Logic and Components 

The decoder sync subsystem described in this report was developed, construct- 
ed in breadboard model form, and successfully tested. Test results indicat- 
ed conclusively that the subsystem can be implemented in an operational Astro- 
voice system. The logic system and components proved fully capable both of 
synchronizing operation of the decoder system with that of the encoder system 
and of supplying speech pulses to the demodulation subsystem to enable sub- 
sequent processing of pulse position modulated voice data supplied by the 
encoder system. Tests included those on the decoder sync subsystem operating 
independently as well as tests in which that subsystem was operated in con- 
junction with the decoder demodulation subsystem and the complete encoder 
system. 

5.4.1.4.1 General 

Decoder sync subsystem operation requires that a train of sync pulses be so 
defined as to allow: 

1. Transition of the subsystem from the acquisition mode to the in 
sync mode. 

2. Transition of the subsystem from the in sync mode to the out of 
sync (or, as noted in paragraph 5.4.1.3, acquisition) mode. 

In general, suitable counters are used to define the sync pulse train. Pro- 
per definition requires that three consecutive and correctly spaced pulses 
be registered in the decoder sync subsystem before synchronization is achieved. 

Once synchronization of the decoder system with the encoder system has been 
established, provision is made for maintaining synchronization. 
a gating interval, or window (the 126 window), 

To do this, 
in the decoder sync subsystem 

opens automatically just prior to the time at which the next succeeding sync 
pulse in the sync pulse train would normally be expected to occur. If a sync 
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pulse is registered during a gating interval, the system remains synchronized. 
If a sync pulse is not registered during any sixteen (16) consecutive gating 
intervals, the decoder sync subsystem aUtOmatiCally reverts to operation in 
the acquisition mode. 

5.4.1.4.2 Subsystem Functional Requirements 

The decoder sync subsystem is designed to satisfy the following-listed func- 
tional requirements: 

1. Provide sync pulse gating intervals, or windows. 

2. Be capable of operating in the acquisition mode until synchroniza- 
tion is achieved and of reverting to the acquisition mode when 
synchronization is lost. 

3. Recognizing sync pulses and operating in the in sync mode. 

The operation of the decoder sync subsystem in meeting these requirements 
is described in paragraphs 5.b.l.4.2.1, 5.4.1.4.2.2, and 5.4.1.4.2.3, re- 
spectively. 

The decoder sync subsystem is shown in block diagram form on Figure 5-52. 

5.4.1.4.2.1 Sync Pulse Gating 

Essentially, five components are used in combination to provide the gating 
intervals, or windows, used to allow entry of sync pulses into the subsystem. 
These components, which are similar to corresponding components in the en- 
coder sync subsystem, include a crystal-controlled oscillator (CO), or clock; 
a regenerative clipper (RC); a divide-by-eight divider (8D); a clock pulse 
generator (CPG); and a divide-by-128 divider (128D). These series-connected 
items provide the intervals during which pulses successfully meeting pre- 
established timing criteria are allowed to enter the decoder sync subsystem. 
These intervals are usually referred to as the 126 windows. They are pro- 
duced during the period, 
of 126. 

approximately 55 psecs long, that 128~ holds a count 
The repetition period of the 126 window is approximately 7000 Psecs. 

A block diagram indicating the relationships between these components is 
shown on Figure 5-53. 

A sync pulse arriving during the gating interval, while allowed to enter the 
decoder sync subsystem, is inhibited to prevent its entry into the decoder:s 
pulse-to-speech demodulation subsystem. This assures that only speech pulses 
(or properly tagged ground pulses --which are subsequently eliminated in the 
demodulation subsystem in the process of removing noise interference) will be 
processed, or demodulated, to obtain voice data. 
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5.4.1.4.2.2 Acquisition Mode 

The leading edge (LE) of the 126 window (that is, the beginning of the period 
during which 128~ holds a count of 126) is used to set a flip-flop (FFB) to 
the ONE state. A logic block diagram illustrating the components used in 
the decoder sync subsystem when operating in the acquisition mode and in- 
dicating the interconnections between these components is shown on Figure 
5-54. 

F'FB is reset to a ZERO state by any pulse which is received during the 126 
window. Accordingly, as long as no pulse is received during the 126 window, 
FFB will remain set. This allows a pulse, called a locally generated miss 
pulse (LGMP), to trigger a divide-by-16 divider (16D). The LGMP is generat- 
ed approximately midway through the period during which 128~ holds a count 
of I-27. This point in time is generally referred to as time 127-$. The 
divide-by-16 divider is used in defining the subsystem as being in the ac- 
quisition mode. 16D is reset to ZERO by every pulse received during the 
126 window. The arrangement is such that 16D will lock-up at (that is, 
retain) a count of 15 if 15 consecutive pulses are not received during the 
126 window. Failure to receive the 16th consecutive pulse is not registered 
in 16D. However, missing such a pulse causes subsystem transition from the 
in sync mode to the acquisition mode. After the transition, the next pulse 
received initiates the start of the acquisition cycle (check for reception 
of three properly spaced pulses). 

This approach provides compensation for shifts of up to 0.2 )Isecs in the 
pulse period as a result of Doppler effects. Even if as many as 14 con- 
secutive pulses are blanked out (that is, occur outside of the 126 window) 
as a result of the Doppler shift, the subsystem will remain in synchroniza- 
tion. The subsystem will lose synchronization in such cases only as a re- 
sult of gross blanking out of sync pulses. Gross blanking out, as the term 
is used here, means blanking out of more than 16 sync pulses. The design, 
therefore, is such that the effects of Doppler shifts do not limit applica- 
tion of the synchronization technique. 

5.4.1.4.2.3 In Sync Mode 

When 16D holds a count of 15, the LGMP sets a divide-by-four divider (4D) 
to a ZERO count, thereby allowing any received pulse to reset 8D to a 
count of ZERO ma 128~ to a count of ~6. A logic block diagram illustrat- 
ing the components used in the decoder sync subsystem when operating in 
the sync mode and indicating the interconnections between these components 
is shown on Figure 5-55. 

After being reset to a ZERO count by the LGMF', 4D then begins to count the 
number of received pulses occurring during the 126 window. If a count of 
three (3) such consecutive pulses is registered by 4D, 4D locks up at a count 
of 3, thereby defining the subsystem as being in sync. If however, 41, does 
not register a count of three such consecutive pulses, it is reset to a 
count of ZERO by an LGMP. The counting procedure is then repeated following 
arrival of the next received pulse. 
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If 4D has reached a count of 3, thereby defining the subsystem as being in 
sync, it can be reset to a ZERO count only when 16D reaches a count of 15 
and holds this count for one ground pulse interval without being reset to 
ZERO, that is, when the system loses synchronization as a result of missing 
16 consecutive sync pulses. Whenever 4D holds a count of 3 and 16D does 
not hold a count of 15, the subsystem is locked in synchronization and is 
defined as being in sync. 

Synchronization is then maintained by succeeding pulses received during the 
126 window. Such pulses maintain synchronization by continually causing 
l28D to be reset to a count of l26$-. This condition provides the gating 
interval, the 126 window, used to allow entry of the next sync pulse into 
the decoder sync subsystem. 

The description given here is based upon the assumption that ground pulses 
were used as the source of sync pulses. Provision can be readily made for 
using other pulses of suitable characteristics (essentially, recurrence at 
a fixed aa known periodic rate). This is accomplished by use of an appro- 
priate clock rate. 

5.4.1.4.3 Component Functional Requirements 

The following list identifies the essential components required to mechanize 
the decoder sync subsystem and indicates their principal functions. 

1. 

2. 

3. 

4. 

5. 

6. 

7. 

8. 

A clock which provides basic timing data. 

A divide-by-eight divider (8D) used to provide audio phase 1 and 
2 (A# 1 and A9 2), and ground phase (G$) pulses to the subsystem 
at a rate of approximately 18,176 pps. 

A divide-by-128 divider (128D) which provides the gating intervals 
(126 windows) and, in conjunction with other components, locally 
generated miss pulses (LGMPls) during the 127 window. 

A divide-by-16 divider (16D) and associated logic circuits used 
to define the subsystem as being in the acquisition mode. 

A divide-by-four divider (4D) and associated logic circuits used 
to define the subsystem as being in the in sync mode. 

A monostable multivibrator (MONO) used in conjunction with a suitable 
gating component (the speech pulse gate, SPG) to control entry 
of speech pulses into the pulse-to-speech demodulation subsystem. 

A speech pulse gate (SPG) which prevents pulses other than speech 
pulses from entering the pulse-to-speech demodulation system. 

A flip-flop (FFA) used in defining the system as being in the acqui- 
sition mode. 
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9. A flip-flop (FFB) used to control generation of locally generated 
miss pulses (LCNP'S). 

10. A gate, the received pulse gate (RPG), which directs received 
pulses to appropriate portions of the decoder sync subsystem. 

11. A gate, the locally generated miss pulse gate (LGMPG),used to 
control the flow of LGMP's in the subsystem. 

5.4.1.4.4 Component Operation 

The major components of the decoder sync subsystem operate as follows. 
Logic interconnections between these components are shown on Figure 5-52. 
As noted previously (paragraph 5.3.1.7.4), in the interest of conserving 
design effort certain of the major components (crystal-controlled oscillator, 
regenerative clipper, clock pulse generator, and the divide-by-eight and 
divide-by-128 dividers) have been so designed that they can be used alter- 
natively in either the encoder or decoder sync subsystems with only slight 
modifications. 

A summary of the conditions under which various components are set, reset, 
or triggered is given on Table 5-2. 

5.4.1.4.4.1 Clock 

For a description of the clock, or crystal-controlled oscillator (CO), see 
paragraph 5.3.1.7.4.1. 

5.4.1.4.4.2 Regenerative clipper 

For a description of the regenerative clipper (RG), see paragraph 5.3.1.7.4.2. 

5.4.1.4.4.3 Divide-by-Eight Divider 

The divide-by-eight divider (8D) is essentially the same in design as the 
divide-by-eight divider used in the encoder sync subsystem. For a descrip- 
tion of 8D, see paragraph 5.3.1.7.4.3. 

5.4.1.4.4.4 Clock Pulse Generator 

The clock pulse generator (CPG) is essentially the same in design as the 
clock pulse generator used in the encoder sync subsystem. For a description 
of the CPG, see paragraph 5.3.1.7.4.4. 
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Table 5-2 

Summary, Decoder Sync Subsystem Component 

Set, Reset, and Trigger Conditions 

Flip-Flop A (FFA) 

Set Reset 

By LGMP By next received pulse 

when 4D does not hold a 
count of 3 (during 

Immediately after being set 

transition states of 
4D--0, 1, 2) 

OR OR 

After the 15th consecutive During 126~ 
pulse is missed (during 
15N 

Flip-Flop B (FFB) 

Set Reset 

By leading edge of 126~ By next received pulse 

During 126~ 

OR 

When enabled by FFA 

Divide-by-Four Divider (4D) 

Triggered Reset 

By received pulses Only by LGMF 

During 126~ During transition states (0, 1, 2) 

AND OR 

If in a transition A.Cter the 15th consecutive 
state (0, 1, 2) pulse is missed (during 

15N 
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Table 5-2 (Cont.) 

Divide-by-Sixteen Divider (16D) 

Triggered Reset 

By LCNP By received pukes 

If in a transition 
state (0, 1, 2,..,14) 

During 126~ 

OR 

When enabled by FF'A 

5.4-9 



5.4.1.4.4.5 Divide-by-128 Divider 

The divide-by-128 divider (128D) is essentially the same in design as the 
divide-by-128 divider used in the encoder SJJ-LIC subsystem. For a description 
of 128~, see paragraph 5.3.1.7.4.5. The principal differences are in the 
number of windows provided and in the use of the output pulses. 128~ as 
used in the decoder sync subsystem does not provide a 124 window, and the 
126 ma 127 window output pulses are used as follows: 

126~ pulses are sent to the received pulse gate (RPG) and they 
are also sent to the 126 window inverter (126~ Inv) where they 
are inverted and sent to the speech pulse gate (SPG), the received 
pulse gate (RPG), and flip-flop B (FFB) . 

l27W pulses are sent to the locally generated miss pulse gate 
(=G) . 

In addition, 128~ as used in the decoder sync subsystem is reset by the out- 
put of the RPG instead of by sync pulses from a counter reset circuit. 

5.4.1.4.4.6 126-Window Inverter 

The l26-window inverter (126~ Inv) receives input signals from 128~ during 
the 1.26 window and provides inverted pulses to the speech pulse gate (SPG), 
received pulse gate (RPG), and flip-flop B (FFB). The circuit used is 
shown schematically on Figure 5-56. The circuit is similar to that describ- 
ed in paragraph 5.3.1.7.6.11 and shown schematically on Figure 5-39. 

5.4.1.4.4.7 Speech Monostable Multivibrator 

The speech monostable multivibrator (MONO) receives audio phase 2 (A$ 2) 
pulses from the clock pulse generator (CPG) and provides output signals to 
the speech pulse gate (SPG). Its basic function is to provide a suitable 
gating interval after each audio phase pulse. The gating interval (based 
on the period of the multivibrator --approximately 14 psecs) is long enough 
to enable all speech pulses to enter the pulse-to-speech demodulation sub- 
system via the SPG. The interval will allow entry of pulses delayed up to 
the maximum delay (14 psecs) introducted in the encoder system when pulseposi 

tion. modulating voice data. Pulses occurring outside of the interval are 
not required for the demodulation process and they are, therefore, prevented 
from entering the demodulation subsystem. The multivibrator circuit is 
shown schematically on Figure 5-57. It is in many respects similar to the 
multivibrator described in paragraph 5.3.1.7.6.7 and shown schematically 
on Figure 5-35. 

5.4.1.4.4.8 Speech Pulse Gate 

The speech pulse gate receives inputs in the form of audio phase 2 (A$ 2) 
pulses from the divide-by-128 divider (128D) via the speech monostable 
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multivibrator (MONO),output signals from the 126-window inverter (126~ Inv), 
and received pulses from the received pulse gate (RPG). When MONO is ON 
(that is, producing a ZERO output level) and the 126~ Inv is OFF (that is, 
producing a ZERO output level), received pulses can pass through SPG to 
the demodulation subsystem. This arrangement inhibits all pulses received 
during 126~ or received outside of the gating interval (14 psecs) provided 
by MONO. The circuit used is shown schematically on Figure 5-58. 

5.4.1.4.4.9 Flip-Flop A 

Flip-flop A (FFA) is used in defining operation of the decoder sync subsystem 
in the acquisition mode. FFA is set to a ONE state by the output of the 
locally generated miss pulse gate (LGMPG). 
the output of the received pulse gate (RPG). 

It is reset to a ZERO state by 
That is, FFA is set to a ONE 

state under the conditions expressed in the following logic statement which 
also presents the conditions under which the LGMPG output signal is pro- 
duced (insofar as FFA is concerned): 

(mA) = [ (@) ( FFB) (12V)] [ (15W) + (F)] 

and it is reset to a ZERO state under the conditions expressed in the follow- 
ing logic statement: 

(m) = [(FFA) + (126w)] (Received Pulse). 

When FFA is set to the ONE state, its output is applied to the received 
pulse gate where it is used in conjunction with received pulses to reset 
both the divide-by-16 divider (16D) to a ZERO count and the divide-by-128 
divider (128D) to a count of 126% (a point midway through the period during 
which 128~ holds a count of 126). These conditions may be expressed in the 
form of a logic statement as: 

(FFA)(Received Pulses) = (16~ to ZERO)(~~~D to 1263) D 

The flip-flop circuit is shown schematically on Figure 5-5g0 It is similar 
to that of the set-reset type bistable multivibrator described in paragraph 
5.3.1.7.6.4 and shown schematically on Figure 5-32. 

5.4.1.4.4.10 Flip-Flop B 

Flip-flop B (FFB) 
pulses LGMP's). 

t 

is used in controlling generation of locally generated miss 
It is set to a ONE state by the leading edge [LE) of the 126 

window 126~) waveform and reset to a ZERO state by the output of the received 
pulse gate (PPG). These conditions, expressed in logical statement form and, 
in the reset case, expanded to include the conditions under which RPG pro- 
vides an output signal to FFB are: 

(FFB) = (LE 126~) 

(FFB) = [(FFA) + (126W)] (Received Pulse). 
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Insofar as FFB is concerned, locally generated miss pulses (LGMP's) are 
produced by 
128 divider l28D) holds a count of 127. That is, for FFB: r 

ound phase (@) pulses when FFB is set and the divide-by- 

(Lcailp) = (G$> (FFB) b’7w). 

The flip-flop circuit is shown schematically on Figure 5-60. It is similar 
to that of the set-reset type bistable multivibrator described in paragraph 
5.3.1.7.6.4 and shown schematically on Figure 5-32. 

5.4.1.4.4.11 Divide-by-16 Divider 

The divide-by-16 divider (16D) is used to count consecutive locally generated 
miss pulses (LGMP's). A self-locking feature is provided. 16D's output goes 
to the LGMP gate (LGMPG) via the lwindow inverter (15W Inv). Registration 
in 16D of a count of 15 consecutive LW's signals transition of the decoder 
sync subsystem from the in sync mode to the acquisition, or out of sync, mode. 
Counting is triggered by input pulses from the LGMPG. 16D is reset to ZERO 
by the output of the received pulse gate (RPG). The following logic state- 
ment indicates the conditions under which 16D is reset to a ZERO count and 
the RPG output is produced. 

(16D reset to ZERO) = (Received Pulse) 
C 

(FFA) + (3) 
I 

16D is self-locking in that it provides the 15 window (15W) signal to the 
LWG which in turn produces the pulse used to trigger counting in 16D. 
This may be expressed in logic statement form as: 

(Trigger Pulse) = (LGMP)(3) 

where LW is produced by ground phase (@ 1) pulses when flip-flop B (FFB) 
is set and the divide-by-128 divider (128D) holds a count of 127. That is: 

(L@@ = (@) @FB)@V) . 

The divider is composed of 4 serial bistable multivibrators, or binary dividers, 
interconnected logically as shown on Figure 5-61. The circuit of one stage 
of the divider is shown schematically on Figure 5-62. The multivibrators 
used in 16D are the triggered type A bistable multivibrators described in 
paragraph 5.3.1.7.6.5 and shown schematically on Figure 5-33* Negative out-, 
puts are used, thus 1510 is represented by a 00002 output and 010 is repre- 
sented by a 11112 output instead of by 11112 and 00002 outputs, respectively. 

5.4.1.4.4.12 Divide-by-Four Divider 

The divide-by-four divider (4D) is used to count consecutive received pulses 
occurring in the 126 window when the subsystem is in the acquisition mode. 
A self-lodking feature is provided. 4D's output goes to the locally generat,- 
ed miss pulse gate (LGMPG) and the received pulse gate (RPG) via the 3-window 
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inverter (3W Inv) and 3 window inhibit gate (3W Inn). Registration in 4D 
of 3 consecutive received pulses from the RPG signals transition of the 
decoder sync subsystem from the acquisition, or out of sync, mode to the 
in sync mode. Counting is triggered by input pulses from the received 
pulse gate (RPG). 4D is reset to a ZERO count by locally generated miss 
pulses occurring when either 4D does not hold a count of 3 or the divide- 
by-16 divider (l.D) holds a count of 15. 
indicates the conditions under which 4D is 

The following logic statement 
reset: 

(4D reset to ZERO) = pm + (157 -J (LGm * 

4D is self-locking in that the 3 window (3W) associated with 4D inhibits out- 
put pulses from locally generated miss pulse gate (LGMP) and received pulse 
gate (RPG). These pulses, when not inhibited, are used in the received pulse 
gate (RPG) to trigger counting by 4D. The divider is composed of 2 serial 
bistable multivibrators, or binary dividers, interconnected logically as 
shown on Figure 5-63. The circuit of one stage of the divider is shown 
schematically on Figure 5-62. The multivibrators used in 4D are the trigger- 
ed type A bistable multivibrators described in paragraph 5.3.1.7.6.5 and 
shown schematically on Figure 5-33. 
represented by a 002 

Negative outputs are used, thus 3,, is 
output and Olo is represented by a 112 output instead 

of by 112 and 002 outputs, respectively. 

5.4.1.4.4.13 15-Window and 3-Window Inverters 

The 15-window and 3-window inverters (15W Inv and 3W Inv, respectively) are 
used to: 

Invert, from a ZERO to a ONE, the output level signal produced 
during the window period with which each inverter is associated. 
This facilitates certain logic applications of the signal. 

Provide a voltage step-down. The output voltage of the divider 
with which the inverter is associated is reduced since the ZERO 
level output of the inverter is not at ground potential. 

The 15-window inverter (15W Inv) receives inputs from the divide-by-16 divider 
(16D) when 16D holds a count of 150 
miss pulse gate (LGMPG). 

Its output goes to the locally generated 
The 3-window inverter (3W Inv) receives inputs from 

the divide-by-4 divider (4D) when 4D holds a count of 3. Its output goes to 
the 3-window inhibit gate (3W Inh) associated with 4D. The circuit is shown 
schematically on Figure 5-64. It is similar to the inverter circuit described 
in paragraph 5.3.1.7.6.11 and shown on Figure 5-39. 

5.4.1.4.4.14 3-Window Inhibit Gate 

The 3-window inhibit gate (3W Inh) is used to provide self-locking capability 
for the divide-by-four divider (4D). It receives its input from the 3-window 
inverter (3W Inv) and provides an output to the locally generated miss pulse 
gate (LGMPG) and the received pulse gate (RPG). When 4D holds a count of 3 
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the output from 3W Inv is shunted to ground, thereby preventing further trigger- 
ing of 4D by pulses from the received pulse gate (RPG) where the 4D output 
pulses are used to trigger 4D. 
5-65. 

The circuit is shown schematically on Figure 

5.4.1.4.4.15 Received Pulse Gate 

The received pulse gate (RPG) provides means for directing received pulses 
to appropriate portions of the decoder sync subsystem. Received pulses are 
directed to the speech pulse gate (SPG) when 12811 does not hold a count of 
126; to the divide-by-8 divider to reset that divider to a count of 4; to 
the divide-by-16 divider (16D), the divide-by-l28 divider (128D), flip-flop 
A (FFA), aa flip-flop B (FFB) when FFA is set to a ONE state or 128~ holds 
a count of 126; and to the divide-by-4 divider (4D) when 4D does not hold 
a count of 3 and the divide-by-128 divider (128D) holds a count of 126. The 
circuit is shown in schematic diagram form on Figure 5-66. It consists 
essentially of a combination of AND gates and inverters of the types described 
in paragraphs 5.3.1.7.6.8 and 5.3.1.7.6.11 and shown on Figures 5-36 and 5-39, 
respectively. 

5.4.1.4.4.16 Locally Generated Miss Pulse Gate 

The locally generated miss pulse gate (LGMPG) provides means for generating 
locally generated miss pulses and for directing them to appropriate portions 
of the decoder sync subsystem. LG?@'s are generated in response to ground 
phase (@> P 1 u ses when flip-flop B (FFB) is set to a ONE state and the 
divide-by-128 divider (128D) holds a count of 127 and the divide-by-16 
divider (16D) holds a count of 15. LGMP's are directed to 16D to initiate, 
or trigger, counting. In addition, when the divide-by-4 divider (4D) does 
not hold a count of 3 or the divide-by-16 divider (16D) holds a count of 
15, L&W's are sent to flip-flop A (FFA) to set it to a ONE state and to 
the divide-by-4 divider (4D) to reset 41, to a count of ZERO. The circuit is 
shown schematically on Figure 5-67. It consists essentially of a combination 
of AND gates and inverters of the types described in paragraphs 5.3.1.7.6.8 
and 5.3.1.7.6.11 and shown on Figures 5-36 and 5-39, respectively. 

5.4.1.4.5 Basic Encoder/Decoder Sync Subsystem Circuits 

The basic circuits used in mechanizing the decoder sync subsystem logic are 
similar to those described in paragraph 5.3.1.7.6 and its subparagraphs. 

5.4.1.4.6 Logic States 

Descriptions of the various states of the decoder sync subsystem logic and 
of the state of individual components at each state of the decoder sync 
subsystem logic follow. The logic flow diagram shown on Figure 5-68 in-, 
dicates basic interrelationships between the various logic states. 

5.4-14 



STATE I 

a. 

b. 

C. 

d. 

e. 

No pulses yet received or the 16th consecutive pulse 
was missed while 128~ holdsa count of 126-. 

Flip-flop A (FFA) is set to a ONE state. 

Flip-flop B (FIB) is set to a ONE state. 

The divide-by-16 divider (16D) holds a count of 15. 

The divide-by-k divider (4D) holds a count of ZERO. 

The divide-by-8 and divide-by-128 dividers (8D and 128~) are free 
running. 

f. The subsystem is' in the acquisition mode. 

STATE II The first pulse arrives or the next pulse arrives after 
the 16th consecutive pulse was missed while 128~ held a 
cow-t of 126. 

a. 

b. 

C. 

a. 

e. 

f. 

g* 

The divide-by-8 divider (8D) is set to a count of 4. 

The&ivide-by-128 divider (128D) is set to a count of 126. 

The divide-by-4 divider (4D) remains set at a count of ZERO. 

Flip-flop A is reset to a ZERO state. 

Flip-flop B is reset to a ZERO state. 

The divide-by-16 divider (16D) is set to a count of ZERO. 

The subsystem is in the acquisition mode. 

STATE III Testing for a sync pulse. 

STATE III-1 Three consecutive pulses do not arrive while 128D holds 
a count of 126 after the subsystem has been in State II. 

a. Flip-flop B (FFB) remains set during and after the time 128~ re- 
tains a count of 126. This enables generation of an LUMP. 

b. The divide-by-16 divider (16D) is at a count other than that of 
15 and is counting. 

C. The divide-by-4 divider (4D) is reset to a count of ZERO by the 
LGMP. Until reset it was at a count other than that of 3 and 
was counting. 
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d. Flip-flop A (FEA) is set to a ONE state. 

e. The next received pulse causes the subsystem to revert to State II. 

STATE III-2 Three consecutive pulses arrive while 128~ holds a 
count of 126 after the subsystem has been ins State II. 

a. Flip-flop B (FFB) is reset to a ZERO state by the pulses. 

b. Flip-flop A (FFA) remains in the ZERO state. 

C. The divide-by-16 divider (16D) remains set at a count of ZERO. 

a. The divide-by-4 divider (4-D) is locked at a count of 3 and does 
not, therefore, re-cycle in response to further received pulses. 

e. The decoder is defined as being in sync. 16 consecutive pulses 
occurring while 128 holds a count of 126 must be missed before 
the subsystem loses sync and is redefined as being out of sync, 
or in the acquisition mode. 

NOTE: The 16th pulse missed is not 
counted by the divide-by-16 divider 
(16~). 

STATE IV The subsystem is in sync but pulses are being missed 
while 128~ holds a count of 126 after the subsystem 
has been in State II. 

STATE IV-1 15 consecutive pulses have not yet been missed and no 
-pulse has yet arrived while 1281, holds a count of 126. 

Same as State III-2 except that: 

1. Flip-flop B (FFB) is not reset to a ZERO state. 

2. The divide-by-16 divider (16D) counts in response to LGMP?s, 

STATE IV-2 15 consecutive pulses have not yet been missed and a pulse 
arrives while 128~ holds a count of 126. 

a. The divide-by-16 divider is reset to a count of ZERO. 

b. The subsystem automatically reverts to State 1X-2. 
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STATE IV-3 15 consecutive pulses have been missed while 128D holds 
a count of 126. 

a. The divide-by-16 divider (16D) is set to a count of 15 by LGMP. 

b. Flip-flop A (FFA) remains reset to a ZERO state. 

C. Flip-flop B (FFB) is set to a ONE state. 

d. The divide-by-4 divider (4D) remains set at a count of 3. 

e. After the 16th consecutive missed pulse, the subsystem reverts to 
State I. 

5.4.1.4.7 Timing Diagrams 

Timing diagrams illustrating operation of various decoder sync subsystem 
components under stated received pulse formats are presented on Figures 
5-69, 5-70, 5-71, and 5-72, as follows: 

Figure 5-69 Missing Every Other Pulse 

Figure 5-70 Ground Pulse Frequency Low 

Figure 5-71 Ground Pulse Frequency High 

Figure 5-72 Sync Pulses and Random Audio 
(Out of Sync) Pulses. 

A diagram illustrating timing relationships between various functions of 
the encoder and decoder systems is shown on Figure 5-42. 
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5.4.2 Decoder Pulse-to-Speech Demodulation Subsystem 

The decoder pulse-to-speech demodulation subsystem (PSDS) operates in con- 
junction with the decoder sync subsystem to produce speech waveforms in 
response to pulse position modulated (Pm) speech pulses received from a 
spacecraft via a tracking radar set. 

5.4.2.1 General 

The decoder pulse-to-speech demodulation subsystem is designed to: 

1. Be compatible with the decoder sync subsystem. 

2. Avoid any interference with the tracking function of the tracking 
radar equipment. 

3. Accept pulse position modulated voice data. 

4. Produce waveforms which are facsimiles of the speech waveforms 
applied to the audio input stage of the encoder system. 

The decoder pulse-to-speech demodulation subsystem was developed, constructed 
in breadboard model form, and thoroughly tested--both alone and when operated 
in conjunction with the decoder sync subsystem and the encoder system. All 
design requirements were successfully met. 

Test results indicate that the design can be implemented in an operational 
decoder pulse-to-speech demodulation subsystem for Astrovoice system appli- 
cations. 

5.4.2.2 Decoder Pulse-to-Speech Demodulation Subsystem Logic and Components 

5.4.2.2.1 General 

The decoder pulse-to-speech demodulation subsystem is designed to convert 
speech pulses into output waveforms which are rectangular facsimiles of 
the audio input waveforms entering the encoder system. The speech pulses 
are pulse position modulated (PPM) in time with respect to pulses produced 
at a stable rate by a clock (clock pulsez$. The speech pulses reach the de- 
coder pulse-to-speech demodulation subsystem from the encoder system via a 
radar beacon on the spacecraft and the video detector of a ground-based 
tracking radar set. 

A logic diagram of the subsystem is shown on Figure 5-73,. 

5.4.2.2.2 Subsystem Functional Requirements 

Analysis of design requirements for a decoder pulse-to-speech demodulation 

5.4-18 



subsystem capable of processing pulse POSitiOn mOdUlated signals indicated 
that the system must perform the following-listed basic functions. 

1. Compare pulse position modulated speech pulses received from a 
tracking radar set's video detector with pulses in a locally 
generated train of clock pulses to determine the actual time- 
modulation introduced in the speech pulses by the encoder speech 
processing subsystem. 

2. Derive amplitude information from the time modulation data. 

3. Construct from the amplitude data rectangular-type waveforms which 
are facsimiles of the speech waveforms applied to the audio input 
of the encoder system. The facsimile waveforms, from which intelli- 
gible voice data can be extracted, are generally referred to in 
this report as synchronous rectangular audio (SRA) waveforms. 

5.4.2.2.3 Component Functional Requirements 

The following list identifies and indicates the principal functional require- 
ments of the essential components required to mechanize the decoder pulse- 
to-speech demodulation subsystem logic. The components listed are shown on 
the subsystem logic diagram, Figure 5-73. 

1. A clock pulse generator (CPG) is used as the source of locally 
generated clock pulses. The clock pulse generator is essentially 
the same in design as the clock pulse generator used in the en- 
coder and decoder sync subsystems. The circuit is described in 
paragraph 5.3.1.7.6.3 and shown on Figure 5-31. 

2. Flip-flop 1 (FFl) is a set-reset type bistable multivibrator which 
provides two complementary outputs, FF.l and m. These are used 
to perform logic functions. The flip-flop circuit is similar to 
that described in paragraph 5.3.1.7.6.4 and shown in schematic 
diagram form on Figure 5-32. 

3. Flip-flop 2 (FF2) is a triggered bistable multivibrator which pro- 
vides two complementary outputs, FF2 ma FE. These are used to 
perform logic functions. The flip-flop circuit is similar to that 
described in paragraph 5.3.1.7.6.5 and shown in schematic diagram 
form on Figure 5-33. 

4. A monostable multivibrator (MSl) is used to generate an output 
voltage for a finite period of time following receipt of an ap- 
propriate input, or triggering, signal. At the end of that time 
the output voltage returns to the quiescent state level. The multi- 
vibrator output signal is used in conjunction with a tL.ailing edge 
pulse generator (TEPG2) to reset flip-flop 1 to a ZERO state, and, 
in conjunction with an AND gate (Al) and with incoming signals from 
the radar set's video detector, to set that same flip-flop to a ONE 
state. The circuit used for the multivibrator is essentially the 
same as that described in paragraph 5.3.1.7.6.7 and shown schematically 
on Figure 5-35. 
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5. 

6. 

TWO constant current charge circuits (SIG1 and CIIG2) are used. 
Each provides a constant current charge to an associated capa- 
citor (Cl and C2, respectively, as shown on Figze 5-73). The 
capacitor is charged during the time interval during which a 
signal is present at the circuit's input terminal. The charge 
circuit is such that it allows the charge to be held for a 
relatively long period of time (on the order of 0 *5 sec.) even 
after termination of the input signal. The circuit is shown 
schematically on Figure 5-74. 

Two discharge circuits (DCGl and DCG2) are used. Each provides 
an essentially infinite input impedance to a capacitor .<Cl and 
C2, respectively) attached to the discharge circuit's output 
terminal whenever no signal is applied to the circuit's input 
terminal. When the specified signal is applied to the circuit's 
input terminal, however, the circuit presents an appropriate 
resistance to the capacitor. This arrangement enables the asso- 
ciated capacitor to be discharged prior to the arrival of the 
next clock pulse. The circuit is shown schematically on Figure 
5-75. 

7. A phase inverter (PI) inverts the output signal produced by the 
decoder pulse-to-speech demodulation subsystem, thereby providing 
a synchronous rectangular audio facsimile waveform at the decoder 
system's output terminals. The circuit is similar to that describ- 
et3 in paragraph 5.3.1.7.6.11 and shown schematically on Figure 5-39. 

8. Two trailing edge pulse generators (TEPGl and TEPM) are used. 
Each is used to produce a pulse coincident with the trailing edge 
of a square wave pulse. The circuit is similar to that used in 
the encoder speech processing subsystem, as described in paragraph 
5.3.2.1.3 and shown on Figure 5-49. 

9. Three AND gates (Al, A2, and A3) are used to perform logic func- 
tions. Each provides an output signal only when all of its input 
signals are present simultaneously. The circuit is similar to 
that.described in paragraph 5.3.1.7.6.8 and shown schematically 
on Figure 5-36. 

10. An OR gate (Cl) is used to perform a logic function. An output 
signal is proauced in response to either of two input s,ignals or 
to both such signals. The circuit is similar to that described 
in paragraph 5.3.1.7.6.9 and she-m schematically on Figure 5-37. 

11. Four Inhibit AND gates (Ail, A12, AT3, azd AI4) are used. In each 
case the gate allows a signal receive2 at its signal input terminal 
to be transmitted from the signal o?ltput terminal except when another 
signal, the inhibiting signal, is simultaneously present at the 
gate's inhibit input terminal. The circuit .isea is similar to that 
described in paragraph 5.3.1-T. 6 .lO and shown s3e~atically on 
Figure 5-38. 

5.4-20 



5.4.2.2.4 Logic Operation 

The decoder pulse-to-speech demodulation subsystem, shown in logic diagram 
form on Figure 5-73, operates as follows. 

The clock pulse generator produces a series, or train, of locally generated 
clock pulses in response to sync pulses Supplied by the decoder sync sub- 
system. The sync pulses assure that the locally generated clock pulses 
are synchronized in both phase and frequency with the clock pulses produced 
by the .encoder sync subsystem to serve as modulation reference pulses. 

The locally generated clock pulses each trigger a monostable multivibrator, 
MSl, to produce windows, or gating intervals, during which speech pulses 
received from the spacecraft via the tracking radar set's video detector 
are allowed to enter the decoder pulse-to-speech demodulation subsystem. 
The duration of each tindow corresponds to the ON period of the monostable 
multivibrator. 

Arrival of a speech pulse in the demodulation subsystem during a window 
causes two capacitors to be alternately charged and subsequently, and again 
alternately, discharged. At the end of the window period the charge circuit 
associated with the first capacitor t0 have been charged is switched OFF 
and the magnitude of the charge placed on the capacitor is determined. Con- 
currently, the subsystem prepares (through suitable logic switching opera- 
tions) to allow the second capacitor to be charged in response to the next 
speech pulse to occur during a window. 

The logic arrangement used permits the two capacitors (Cl and C2, as shown 
on Figure 5-73) to be charged and discharged alternately. As the second 
capacitor is being charged, the magnitude of the charge placed on the first 
capacitor is being determined. As soon as the second capacitor is charged 
and while the magnitude of the voltage placed on it is being determined, 
the first capacitor is discharged in preparation for a repetition of the 
charge, charge determination, discharge cycle. 

The switching action necessary to charge first one and then the other capa- 
citor is provided by a commutating flip-flop (ml). This flip-flop is set 
to a ONE state in response to a signal produced by an ANTI gate (Al) when 
a speech pulse is received during the ON period of the monostable multi- 
vibrator (MSl). The flip-flop is automatically reset to a ZERO state at 
the end of each ON period through action of a trailing edge pulse generator 
(TmGi) . 

The voltages stored alternately on the capacitors are directly proportional 
to the time modulation interval of the speech pulses: the later the speech 
pulse occurs during the window, or gating interval, the lower the charge 
placed on the capacitor. Conversely, the earlier the speech pulse occurs 
during the window, the greater the charge placed on the capacitor. 

These conditions are just the opposite from those existing in the encoder 
during the process of forming the pulse position modulated speech pulses. 
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'There, the later a speech pulse OCCUR3 during the gating interval, the greater the 
voltage, while the earlker it OCCWS, the lower the voltage. Accordingly, 
a phase inverter is incorporated in the demodulation subsystem to invert 
the decoder pulse-to-speech demodulation subsystem's output signal. This 
signal is a synchronous rectangular audio signal whose waveform is a ret- 
tmgular facsimile of the waveform of the audio signal applied to the en- 
cder system. 

A timing diagram which indicates the relationship between various encoder 
ana decoder system operational events is shown on Figure 5-42. 
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Figure 5-56. Schematic Diagram, 126-Window Inverter 
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Figure 5-58. Schematic Diagram, Speech Pulse Gate 
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Figure 5-59. Schematic Diagram, Flip-Flop A 
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Figure 5-60. Schematic Diagram, Flip-Flop B 
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Figure 5-68. Flow Diagram, Decoder Sync Subsystem Logic States 
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Figure 5-75. Schematic Diagram, Discharge Circuit 
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5.5 ASTROVOICE/RADAR TRACKING EQUIPMENT INTERFACE INVESTIGATION ANO ANALySIS 

The interface between the Astrovoice II system and the radar tracking equip- 
ment was investigated and analyzed as directed in Task II of Contract No. 
NASW-586. Results of these investigations and analYSeS are presented here 
as follows: 

Paragraph 5.5.1 
(and its subparagraphs) 

The interface between the 
Astrovoice II system and 
various ground-based 
tracking radar equipment. 

Paragraph 5.5.2 
(and its subparagraphs) 

The interface between the 
Astrovoice II system and 
various tracking radar 
beacons. 

5.5.1 Astrovoice Radar Tracking Equipment Interface 

5.5.1.1 Pulse Rates 

Effective this year, 1964, pulse rates for all radar tracking equipment to 
be used on an inter-range basis will be standardized. The standard pulse 
rates, as defined by the Inter-Range Instrumentation Group (IRIG) are: 

80 pulses per second (pps) 
160 pulses per second (pps) 
320 pulses per second (pps) 
640 pulses per second (pps) 

These standard pulse rates will be employed on the following-listed ranges: 

Air Force Flight Test Center (AFFTC) 
Air Proving Ground Center (APGC) 
Atlantic Missile Range (AMR) 
Naval Ordnance Test Station (NOTS) 
Pacific Missile Range (PMR) 
White Sands Missile Range (WSMR) 

Once the pulse rate standards become effective, any radar tracking equipment 
to be used on an inter-range basis will be required to operate at one of the 
standard pulse rates. 

The interface discussion presented in this portion of the report will, accord- 
ingly, be based generally upon the assumption that these standards will be 
in effect. Although the previous descriptions of encoder and decoder system 
operation (paragraphs 5.3 and 5.4 and their respective subparagraphs) were 
written on the basis that the Astrovoice II system is being operated in con- 
junction wit? the AN/FPS-16 radar tracking equipment which has a presently 
standard pulse rate of 142 pps, modification of the Astrovoice II system to 
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operate with radar equipment transmitting at one of the new standard rates 
(or any integral multiple of one of these rates) is essentially simple. As 
noted in paragraphs 5.3 and 5.4, modification generally would require only 
selection of a suitable clock rate and, possibly, use of different dividers. 

In modifying the Astrovoice II encoder system to enable it to operate with 
radar tracking equipment using the new standard pulse rates, a basic clock 
rate compatible with the most commonly used pulse rate would be selected. 
Suitable provision would also be made for inhibiting transmission of speech 
pulses during the intervals at which ground pulses at that rate are expected 
to arrive at the beacon. The inhibit logic and circuits, as noted in para- 
graph 5.3, are used to prevent spurious return signals and to prevent ground 
pulse lock-out, sometimes described as radar count down. If such logic and 
circuits were not provided, lock-out of up to 20s of the ground pulses could 
occur. 

Modification of the Astrovoice II system to enable it to operate in conjunc- 
tion with radar equipment employing the lowest standard pulse rate (80 pps) 
would require that the dividers in the encoder sync subsystem (as well as 
the delay shift register in the encoder sync system designed to protect 
ground pulses coming from several tracking radar equipments) provide the 
proper inhibit intervals for the 80 pps rate and for any integral multiple 
of that rate. Assuming that the system had been so modified, the maximum 
lock-out which could occur if the Astrovoice II system were then operated 
in conjunctionwith radar equipment transmitting at any other rate would be 
20%. 

The effect of a change in pulse rates necessary to enable tracking in an 
interference zone is described in paragraph 5.5.1.5. 

5.5.1.2 Probable Ground or Ship Based Radar Tracking Equipment 

Investigations indicated that the Astrovoice II system would most probably 
be used. in conjunction with one or more of the following-listed ground or 
ship based radar receiving and tracking equipments: 

Ii!kxs Base Notes 

AN/FPQ-4 Ground and Ship This radar set was the pre- 
decessor of the AN/FPS-16 
radar set. It is used as 
either ground-based or ship- 
based equipment. In ship- 
based use it is installed on 
the Down-range Anti-missile 
Measurement Program (DAMP) 
ship. 
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?A!E 
AN/FPS-16 

m/ms-25 

AN/FPQ-6 

AN/TPQ-18 

Sperry 

Base 

Ground and Ship 

Ground 

Ground 

Ground 

Ship 

Notes 

Used as either ground-based 
or ship-based equipment. In 
ship-based use it is install- 
ed on the USS Twin Falls 
Victory. It is also used, 
with suitable modifications, 
as a mobile ground-based 
radar set, the AN/MM-25. 

This is a mobile version of 
the AN/FPS-16 radar set. 

Used as a fixed ground-based 
radar set. With suitable 
modifications (as AN/TPQ-18), 
it is also used as a mobile 
ground-based radar set. 

This is a mobile version of 
the AN/FPQ-6 radar set. 

Used in Advanced Range In- 
strumentation Ship (ARIS) 
installations. 

The type FPQ-4 radar set is capable of tracking at ranges up to 500 nautical 
miles (nm) . It has provisions for semi-automatic target acquisition. It 
presently has no provisions for either pulse code group transmission or auto- 
matic phasing. 

The type FPS-16 radar set has been modified to enable it to track at ranges 
up to 5,000 nm. It has provisions for pulse code group transmission, auto- 
matic target acquisition*,and automatic phasing. 

The type FPQ-6 radar set is capable of tracking at ranges up to 32,000 nm. 
It has provisions for automatic target acquisition and automatic phasing. 
Although this type of radar set is not presently capable of pulse code group 
transmission, this capability is scheduled to be incorporated. 

The Sperry radar equipment used on the ARIS is capable of tracking at ranges 
UP t0 32,600 m. These sets have provisions for pulse code group transmission 
and for automatic target acquisition. They are scheduled to be equipped with 
automatic phasing equipment during calendar year 1964. 

5.5.1.3 External Connections --Astrovoice to Radar Tracking Equipment 

Investigation into the interface between the Astrovoice II system and ground- 
based type FPQ-4, FPQ-6, FPS-16, TPQ-18 and MPS-25 radar equipment, particularly 

* Some FPS-166 radar sets are equipped, however, with semi-automatic instead 
of automatic acquisition systems. 5.5-3 



in the area of external connections, indicated that the Astrovoice II system 
is required to be compatible with the following-listed radar equipment char- 
acteristics. 

Non-tracking video detector output 
(standard pulses) 

0.75 to 2 volts, 75 to 93 
ohms impedance. 

Pre-pulse output preceding the 'main bang' Same as non-tracking video 
output output (0.75 to 2.0 volts, 

75 to 93 ohms impedance). 

Video pulse Includes both skin and beacon 
returns. 

When using the Astrovoice II system with any of these types of radar equip- 
ment for receipt of speech pulses, the skin local oscillator of the radar 
equipment must be turned off to eliminate skin frequency returns. Speech 
pulses from the spacecraft cannot be properly demodulated in the decoder 
system if the skin local oscillator is ON (a condition which provides skin 
frequency returns). 

A similar investigation into the interface between the Astrovoice II system 
and the Sperry radar equipment used on ARIS indicated that the Astrovoice II 
system is required to be compatible with the following-listed radar equip- 
ment characteristics. 

Non-tracking video output 50 volts 

Video output pulse duration 0.6 usec 

Pre-pulse output preceding the 'main bang' Same as non-tracking video 
output output (50 volts) 

Video pulse Beacon return only. 

Atlantic Missile Range personnel have suggested that a simple cathode-follower 
type isolation circuit be used between the Astrovoice II system and the 
video detector output of the Sperry radar equipment. 

5.5.1.4 Operational Considerations. 

Consideration of various aspects of operation of the radar equipment in con- 
junction with the Astrovoice II system indicated that no difficulty would be 
experienced during operation of the radar equipment in either the semi- 
automatic acquisition mode or the manual phasing mode. Operation of the 
radar equipment in the automatic acquisition mode or the automatic phasing 
mode does, however, present certain problems, none of which appear insoluble. 
Descriptions of the various modes of operation, of the problems presented 
when operating in either of the two automatic modes (acquisition or phasing), 
and of the possible solutions to these problems follow. 
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5.5.1.4.1 Acquisition 

!t?he semi-automatic acquisition mcde can be used if the azimuth and elevation 
coordinates of the target are known. In this mode of operation, the operator 
aequires the target by positioning the range gate by suitable manually- 
operated controls. The presence of speech pulses in the beacon return signal 
train will present no difficulty when operating in this mode since the speech 
pulses are random in time in respect to the tracking return pulses from the 
beacon. Once the target is acquired, the radar set will track the target in 
the automatic mode. 

The effect of incorporation of fully automatic acquisition mode capabilities 
in radar equipments has been studied. Many radar sets have recently been 
modified to incorporate this capability. Others are scheduled to be similarly 
modified. Radar sets capable of automatic target acquisition transmit either 
a two-pulse pattern or a phase-jumped alternating pattern, according to the 
particular type of radar set involved. The FPQ-6 and the FPS-16 radar sets 
use a two-pulse pattern: the Sperry sets use a phase-jumped alternating 
pattern. In either case, knowledge of the actual or projected coordinates 
of the target is used as much as possible to facilitate automatic acquisition. 
Digital detection circuits are included in the radar equipment to enable 
identification of the characteristic return pattern (two pulse or phase-jumped 
alternating) as the radar pulses search a given volume of space. Presence of 
speech pulses in the beacon return signal train CSZI confuse the automatic ac- 
quisition system in its attempts to lock onto the target since the speech 
pulses will resemble return pulses (although, of course, spurious) insofar as 
the automatic acquisition system is concerned. Although the presence of 
speech pulses in the transmission from the beacon could be of material assistance 
to a suitably designed radar set in determining the azimuth and elevation co- 
ordinates of the target due to the highly directional nature of the radar 
tracking antennas, present automatic acquisition systems are not designed to 
make advantageous use of this assistance. 

After analyzing these aspects of radar equipment operation and discussing them 
with Atlantic Missile Range (AMR) personnel, it was concluded that: 

1. Use of semi-automatic acquisition techniques is suitable either 
when the target coordinates are previously and relatively accurate- 
ly known or when rapid acquisition is not essential. 

2. The ability to acquire the target automatically is essential when 
the coordinates are not known with sufficient accuracy or when 
rapid acquisition is imperative. 

Accordingly, a method of inhibiting speech pulses should be provided to avoid 
confusing the radar equipment when it is operating in the automatic acquisi- 
tion mode. 

One feasible method of inhibiting speech pulses requires that the radar equip- 
ment be capable of transmitting coded pulse groups. This capability already 
exists in most types of radar sets with which the Astrovoice II system is 
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likely to be used. In this method, if a beacon normally respollsive to-a.. 
two-pulse code is interrogated by a three-pulse code in which the first two 
pulses are identical to those in the two-pulse code, the beacon transmits 
its normal reply. The third pulse is detected by the Astrovoice encoder 
system and identified as an inhibit signal. The encoder would then inhibit 
transmission of speech pulses during the time the three-pulse code group 
was being transmitted to the beacon by any radar set. In addition, speech 
pulse transmission would also be inhibited for a suitable interval following 
transmission of such a pulse group. Discussions with Radio Corporation of 
America (RCA) personnel indicated that modifications to enable transmission 
of appropriate pulse groups could be accomplished with relative ease. 

5.5.1.4.2 Phasing 

When operating in the manual phasing mode, the relative phasing of pulse 
trains from various radars used in tracking is controlled manually by a 
control radar operator, or controller. If the pulses from one radar set 
begin to drift too close to pulses from another radar set, the control operator 
manually rephases the intruding radar set's output to prevent interference 
between the two sets. 

Automatic phasing provisions are currentlybeing incorporated in most FPQ-6, 
FPS-16, and Sperry (ARIS) radar sets. A radar set operating in the automatic 
phasing mode senses. for occurrence of pulses in two time regions; one prior 
to arrival of the beacon reply pulse sent in response to that radar set's 
interrogation pulse, the other following receipt of the beacon reply pulse. 
If occurrence of a pulse within either of these regions is detected during 
a specific number of consecutive interrogation-return pulse cycles, the 
radar set first seeks out a region within the range interval such that no 
pulses would be detected prior to or following a beacon reply pulse. The 
set then automatically phase shifts the transmission SO that the return will 
occur in the desired region. 

Speech pulses could occur within these regions in a random fashion. If a 
significant number occurred within consecutive regions the radar would be 
forced to rephase. The possible presence of speech pulses in the regions 
between beacon reply pulses may result in the radar equipment being unable 
to rephase and it may have to shut down. 

Furthermore, the design of the Astrovoice encoder is such that it may trans- 
mit a tag, or delayed pulse at a fixed time following beacon transmission of 
a reply pulse. The tag pulse is used to enable the decoder to identify the 
reply pulse and prevent its being decoded as a speech pulse. The tag pulse, 
if transmitted, will always occur within the period during which the radar 
set operating in the automatic phasing mode is sensing for occurrence of 
pulses prior to and following the beacon reply pulse. As a result, if a 
large number of tag pulses were generated the radar set would be forced to 
change its phase and the presence of speech pulses may cause radar shut- 
down, as noted previously. If the encoder were modified to inhibit speech 
pulse transmission during the period in which the radar equipment is sensing 
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for pulses in the pre and pas-b-beacon pulse intervals, speech pulses could 
not be transmitted when more than one tracking radar set is interrogating 
the beacon. 

On the basis of this investigation and discussions with Atlantic Missile 
Range personnel, it was concluded that while the automatic phasing capa- 
bility, as well as the automatic acquisition capability, is desirable, it 
is a necessity only in an emergency. 

'Ihe modification proposed here to allow speech pulses to be inhibited tien 
the radar equipment is operated in the automatic acquisition mode can also 
be used to prevent continual phase shifting when the radar set is operating 
in the automatic phasing mode. Essentially, manual phasing would always 
be used except when emergency conditions indicate that the equipment must 
be operated in the automatic phasing mode. At that time any radar 
set capable of transmitting pulse code groups could be used to inhibit 
speech pulses by transmitting a suitable code group to the beacon. 

5.5.1.5 Interference Zone Tracking 

When the target passes through a region of space such that the sum of: 

1. The travel time of the ground pulse from the radar set to the 
target 

plus 

2. The travel time of the beacon reply pulse transmitted in response 
to the ground pulse 

equals an integral multiple of the given pulse period, the beacon reply 
pulse will be prevented from entering the radar set receiver. It will be 
blocked by a ground pulse which is being transmitted coincident with the 
time of arrival of the reply pulse. The regions of space where this condi- 
tion occurs are known as interference zones. 

An appropriate technique has been developed, however, to allow tracking even 
through the various interference zones. In this technique the ground pulse 
transmission time is either advanced or delayed for a time sufficient to allow 
the beacon reply pulse to be received. The technique is usually described 
as the phase-jumping technique in that some ground pulses are transmitted in 
phase with a basic clock pulse train while other ground pulses are trans- 
mitted in a fixed phase position (leading or lagging) relative to the basic 
clock pulse train. Whether the ground pulses lead or lag depends upon the 
manufacturer's approach to design of the particular type of radar equipment. 

Figure 5-76 demonstrates the timing involved in using the phase jumping 
technique when the sum of the travel times is equal to twice the basic pulse 
period, as shown at A, or is exactly equal to the basic pulse period, as 
shown at B. The same technique can be extended to cover other situations 
where the travel time is N times the basic pulse period. 
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Figure 5-76 also indicates the inhibit intervals used to prevent speech or 
sync pulses from interfering with reception of ground pulses at the beacon. 
The inhibit intervals are produced by the encoder as described in paragraph 
5.3. As Figure 5-76 indicates, however, such inhibit intervals would be 
ineffective in protecting the ground pulses from interference when the radar 
set is tracking a target located in the first interference zone (located at 
a range of approximately 500 nm when a pulse rate of 160 pps is used). As 
a result, lockout of up to 20% of the ground pulses could occur. If such a 
lock-out percentage is too high, the encoder can be modified to provide the 
inhibit interval at a time twice the basic ground pulse period (2T) away 
from the time at which the ground pulse is received at the beacon. This 
modification will prevent lock-out of ground pulses by providing appropriately- 
fwed inhibit intervals for all pulses received at the beacon. 

Difficulties in regard to timing of the inhibit intervals in the second inter- 
ference zone (located at a range of approximately 1,000 nm for a 160 pps 
pulse rate) can be overcome in a similar manner by providing the inhibit inter- 
vals at a time four times the basic ground pulse period (4T) away from the 
time at which the ground pulse is received at the beacon. 

If lock-out of 20% of the ground pulses is considered to be unacceptably 
high, and tracking and communication is to be accomplished through more 
distant interference zones, the basic approach described above could be 
extended. However, the modifications necessary to change the time of the 
inhibit intervals would be cumbersome. Instead, a special sampling-type 
logic can be provided to generate inhibit intervals suitably timed for 
various interference zones. One difficulty complicating design of such a 
logic system is lack of standardization in the design of radar equipment, 
particularly in regard to application of the phase-jumping technique. In 
scme sets a phase jump lead is used while in others a phase jump lag is used. 

5.5.2 Astrovoice/Beacon Interface 

5.5.2.1 Probable Beacon Types 

Basic criteria for selecting a radar beacon, or transponder, for operation 
with the Astrovoice II system include: 

1. Short recovery time 

2. Maximum allowable continuous pulse repetition rate. 

The type AN/DPN-66 beacon appears best able to satisfy these criteria. Its 
recovery time is 50 usec, maximum. Its maximum allowable pulse repetition 
frequency (prf), for a 0.75 usec wide pulse, is 2,670 pps. 

A duty cycle limit of 0.002 is specified for the magnetron in the beacon by 
the magnetron manufacturers. Although it is known that this limit can be 
extended for short periods, manufacturers are reluctant to publish any figures 
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indicating short-time duty cycle limits. The AN/DPN-66's prf can be safely 
increased to 4000 pps by reducing the pulse width to 0.25 psec. This rate 
is well within the duty cycle limit of the magnetron. 

Manufacturers of radar beacons have generally included over-interrogation 
protection circuits in the beacons to limit transmissions from the beacon 
as a means of preventing the magnetron duty cycle limit from being exceeded. 
These circuits are generally of the time constant type. They control the 
long-term duty ratio of the magnetron by integrating over several incoming 
pulses and feeding back a signal used to inhibit pulses during a fall-time 
interval. 

It is recommended that any beacon to be used in Conjunction with the Astro- 
voice II system be provided with over-interrogation circuits to protect the 
magrretron. 

5.5.2.2 External Connections--Astrovoice to Beacon 

The Astrovoice II system requires connection between the beacon and the en- 
coder system to: 

1. Detect receipt of ground pulses. 

2. Enable speech and sync pulses to be transmitted by the beacon. 

Both of these connections may be made to a common point. 

Beacons other than the !Jf/DF’N-66 require slight modification to provide the 
necessary connections. 

The AN/DPN-66 beacon is equipped with two external contacts (identified as 
"test trigger input" and "test trigger outputlt contacts). Both contacts are 
accessible in a single power plug through which the necessary connections 
between the beacon and the Astrovoice encoder system can be established. The 
trigger input and output contacts are provided to facilitate checking opera- 
tion of the beacon. The test trigger input signal is used to trigger the 
beacon transmitter which responds by transmitting a beacon reply pulse. The 
test trigger output signal is produced by the beacon receiver in response to 
detection of a ground pulse. In order to trigger the beacon properly, the 
test trigger input signal must be a b-volt, 1.5 )Isec pulse driven from a 50 
ohm impedance. The test trigger output signal provided by the beacon re- 
ceiver is a standard-type, 2-volt (minimum) pulse driven out of a 100 ohm 
impedance. The test trigger output signal occurs prior to the beacon's 
ground pulse decoder insofar as the beacon's internal circuit arrangement 
is concerned. Any detected ground pulse produces a video output signal which 
appears at this point (as a test trigger output signal) prior to its applica- 
tion to the input terminal of ,the beacon's decoder. The trigger output signal 
is of particular value if commands in the form of radar pulse code groups are 
to be transmitted from the radar tracking equipment to the spacecraft to 
inhibit transmission of speech and sync pulses, as noted in paragraph 5.5.1.5. 
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Manufacturers of other beacons give assurance that only a simple mcdifica- 
tion is required to enable addition of the required connectors to their 
beacons. 

5.5.2.3 Operational Considerations 

Laboratory experiments were performed in which speech pulses were transmitted 
via an ACF type 149C-5 beacon at an average pulse repetition frequency (prf) 
of 3700 pps. The beacon was operated at this rate for several days without 
significant degradation in its performance even though it did not have a 
protective circuit to prevent the magnetron duty cycle from being exceeded. 

During subsequent experiments in which a VOX (voice operated transmission) 
circuit was simulated, the average prf was reduced to 2800 without signifi- 
cant degradation of the audio signal quality. Incorporation of a VOX cir- 
cuit in the encoder of operational Astrovoice systems is recommended. 

Results of intelligibility tests indicate that inhibiting of speech pulses 
by tracking radar equipment transmissions does not significantly degrade the 
intelligibility of the speech. These results were noted during and after 
tests in which the effects of simultaneously interrogating the beacon by 
three different simulated tracking radar sets were evaluated. The equiva- 
lent pulse rate was 426 ground pulses per second. 

The intelligibility tests conducted on the Astrovoice system were made on the 
basis of simultaneous interrogation of the beacon by three different radar 
sets. It was considered that this represented a more'realistic situation 
than one based on simultaneous interrogation of the beacon by a greater num- 
ber of'radar sets. 

While it might be supposed that the presence of simultaneous interrogation 
pulses from several radar sets would greatly increase the average pulse 
repetition frequency of the pulses entering the beacon in comparison with the 
average prf of speech pulses entering the beacon and, as a result, cause the 
over-interrogation circuit to operate to reduce the average prf, such was not 
quite the case. The inhibit intervals provided before and after each ground 
pulse can inhibit more than one speech pulse. The increase in the average 
prf is, therefore, not a linear addition. Actually, by appropriately optimiz- 
ing the design, a slight reduction of the average prf could be achieved even 
though the beacon were being interrogated simultaneously by three tracking 
radar sets. 

It should be noted that a VOX circuit need not be employed if the pulse widths 
can be reduced, for example, to 0.25 microseconds. Such a reduction in pulse 
width allows use of a correspondingly higher prf for the same magnetron duty 
ratio. 
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5.6 SPEECH INTELLIGIBILITY 

5.6.~ Introduction 

The Human Factors Department of Avco/RAD conducted a study of the Astrovoice 
Communication System to determine the intelligibility index. This study was 
conducted in accordance with the direction provided by Contract NASW 586. 
Since the contract referred to above is only for a feasibility study, the scope 
of the investigation was necessarily limited. No attempts were made to deter- 
mine if there were syllabic d'istortions, omissions, or additions, nor were 
extensive attempts made to relate the findings to the literature on communica- 
tion theory. Additionally, it was not possible to undertake a subject training 
program involving a great number of trials. However, comparisons of the Avco 
Astrovoice system intelligibility index with three other communication systems 
was accomplishedl. These comparisons were with the analog, constant frequency 
sampling, and clipper audio communications systems. 

5.6.2 Procedure 

The Harvard phonetically balanced (PB) word lists were recorded on magnetic 
tape by two untrained male speakers employing a volume unit (VU) meter for 
monitoring. The interval between each stimulus word and the beginning of the 
next carrier phrase was five seconds. Each speaker recorded each list a total 
of ten times. The words were randomized within the list and the lists were 
recorded in random order*. The recordings were made after the output was passed 
through a filter which removed sound below 260 cycles per second (cps) and above 
4 kilocycles per second ( kc/s) to insure all output was within the undistorted 
frequency spectrum of the recorder. 

The test items were played back over earphones** to untrained male subjects 
isolated in a quiet room. The sound pressure I.eve1s-x** were equaled during 
playback. The average background noise :tnd 'peak speaker volume are prcscntcd 
in Table 5-3. The volume was judged by the Ifstenors to be .both comfortab1.e 
and adequate. Testing sessions were limited to one hour, including a five- 
minute rest period between the presentation of each word list. 

5.6.3 Results 

The data collected in this study was first analyzed to determine the effect 
of word list learning and increased subject sophistication in intelligibility 
test taking. Of the five communication systems tested, the analog system 
exhibited the highest signal-to-noise ratic (SNR); therefore, learning and 
sophistication would be most clearly exhibited in the by-trial results of this 
system. The by-tri.21 scores in Figure 5- '(7 , System 2, show that the effect 
of word list and subject sophistication is negligible. However, a subject's 
ability to discriminate between signal and noise within a system does jmprove 
(Figure 5- ('1 , Systems 1, 3, 4, 5). 

' Reference 1 j!lbl i.cgrqtq (2-e Appendi.x A). 
+ A W0llensa.c;; 'rl 51." ,-II I-c~Ic! rxxcrder cxn\'L microphznc~ 1vc;:; l.l.sl!tl To r' 31 1 'I'tJC.) I.11 i nrm; 

;Ind pl.czyl~ack 
x-x K. :; u Ea.-@lone :: MJdttl SP3X 

*'* Sound psessure l.evc1.s were taken by placing an Altec M-icrophone 633A anI,l.if'j.ed 
by a General Radic Micrcphcne Trtlnsformer 759-26 directly against the earphone: 
Sound pressure levels are those indicated on General Radio Sound Level Meter 
Type 1551-A. 5.6-i 



Table 5-3 

Sound Pressure Measurements of Stimulus Tapes 

Taken at Each Earphone 

Comnication 
System 

1. Astrovoice w/o inhibits 74 

2. Analog 61 

3. Astrcvoice w/inhibits* 73 

4. Frequency sampling 67 

5. Clipper Audio 84 

Background 
Noise 

Peak Speaker 
Volume (in db) 

88 

88 

88 

88 

88 

t The inhibits reFresezf 
eact. 

3 radar sets with pulse rates of 142 pulses per/see 
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The differences between the five systems were analyzed through a factc-rial 
analysis 0r variance. The summary table of this analysis is presented in 
Table 5-4, which shows significant difference among systems, subjects, and 
speakers. 

The performance variations among subjects on the five systems is stcwn ir, 
Figures 5-78, S-79, 5-80, 5-81, and 5-82. A Duncan multirange test was run 
to isolate the significant subject differences (Table 5-5). The results 
shown on Table 5-5 point out one subject (C) as being the primary ccntribut- 
ing cause of the significant subject variations. 

The differences between the two speakers across all five systems is presented 
graphically in Figure 5- 83 . The overall stimulus-to-error rat.ic :SERj was 
significantly higher for speaker 1 but it varied across systems. The comparison 
of the five systems according to mean number of errors per system per trial and 
the mean intelligibility index per system are given in Table 5-6. 

As expected, analog and frequency sampling displayed significantly higher 
intelligibility indices. However, the intelligibility index of the AVCO 
Astrovoice communication system is such that we could expect a great deal of 
information to be transmitted. 

5.6.4 Discussion 

The foregoing analysis pointed out the following significant differences: 
1) between speakers, 2) between subjects, and 3) between systems. 

The significant difference between the two speakers was assumed to be caused 
by one or more of the following factors: 
2) accent; or 3) training in speaking. 

1) differences in timber cf voices; 
However, both speakers were judged 

to have similar if not neutral accents, and both had comparably deep speaking 
voices. It must be concluded then, that the interspeaker differences were 
due to differences in the levels of training and experience in speaking. Some 
additional observations, while not experimentally verified, have caused con- 
jecture that differences of voice timber would result in different intelligibility 
scores, and further, that higher pitched voices (e.g., female) would lead to 
much greater intelligibility. 

As pointed out in the results, one subject caused the significant variation 
among subjects. It was discovered after the test that this subject had pre- 
viously participated in intelligibility testing. 

An examination of the intelligibility curve for the analog system (see Figure 
5- 77 ) would seen to indicate that there is little learning of word lists or 
testing procedure sophistication. Therefore, it can be assumed that word list 
learning and testing sophistication are not present in the intelligibility 
indices or the intelligibility curves of any of the systems. 

From an examination of the curves presented by Pollack3 the second derivative 
of the learning curves, for intelligibility of words in a noisy field, occurs 

3 Reference 3, Bibliography <See Appendix A.) 
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Table 5-4 

Summary Table of Main Effects* 

Q_TEe sums of 
Squares 1 S~~~~es / F 1 

Systems 
Subjects 
Speakers 
Systems by Subjects 
Subjects by Speakers 
Systems by Speakers 
Systems by Subjects 
by Speakers 
Within 

4 
3 
1 

12 

2 
12 

160 
Total I 199 I 

1285.72 
177.48 
144.5 

9p& 

121: 86 

321.43 
59.16 

144.5 
7.94 
2.22 

30.46 

25.35= 
4.66H 

11.39H 

2.40 

* &-I analysis of word lists by systems, subjects, and speakers showed that 
performance between word lists was not significantly different; therefore, 
word lists were dropped as a main source of error. 

++ Significant at the 0.01 Level. 
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Table 5-5 

Duncan mlti-Range Test Between Subjects 

Mean No. of Errors 

Subject 

C D A B 

3*92 4.22 4.94 6.36 

The means not underscored by the same line are significantly different. 
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Table 5-6 

Duncan Multi-Range Test Between Systems 

System Mean No. Error Intelligibility 
(Percent Articulation) 

Analog 
Constant Frequency Sampling 
Astrovoice with Radsx 
Astrovoice Without Radar 
Clipper Audio 

0.9 
2.87 1 3 
6.3 

I 

90% 
6.72 89% 
7.5 8% 

The means not connected by the same line are significantly different. 

I 
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at approximately the 10th repetition (irrespective of feedback information). 
If this is true, the Astrovoice communication system is just approaching its 
first learning plateau and the intelligibility index is probably higher than 
the indicated 908. A mean intelligibility index was computed for the last 
three trials of each communication system. These means are presented in 
Table 5-7. 

From Table 5-7 and the above discussion, it can be seen that the increase in 
intelligibility can be attributed to subject familiarity with the system. 

A matter of concern was the contractual request to use the Harvard PB word 
list. Frequency of word usage has been demonstrated to be a most important 
variable in the computation of intelligibility indices 495. Rosenzweig and 
Postman6 found that frequency of usage of words accounts for about one half 
the variance of the intelligibility threshold of words in a noise field. 
Howes2 states that "observer's experience with a word as a distinctive unit 
appears to be the primary determinant of its intelligibility". Howes2 further 
points out that only 14s of the words in the Harvard PB word list have a Large 
magazine frequency count of 1000 or more. 

A test procedure utilizing more familiar words or conducted over a longer 
period of time would probably disclose an intelligibility index significantly 
higher than the obtained 90%. In view of the above factors and because 
Astrovoice-type communication systems have potential theoretical implications, 
it is felt that additional research in this area would be very fruitful. 

495 References 4 and 6 5,.Bibliography (See Appendix A.) 
Reference 

2 6, 
Bibliography (See Appendix A.) 

Reference 2, Bibliography Appendix A.) (See 
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Table 5-7 

Mean Intelligibility Index for Trials 8, 9, and 10 

I I 
System Mean Intell. Index 

I 
I 

Astrovoice without irkibits 91% 
Analog 97% 
Astrovoice with inhibits 9% 
Frequency Sampling 97% 
Clipper Audio* 87s 

* The figures from clipper audio are probably not representative since all 
of the subjects complained quite a bit about the distressing noise between I 
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NOTE : To simplify interpretation of 
data, the intelligibility scales 
used on Figures 5-79 and 5-81 
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bility scales used on Figures 5-78, 
5-80,and 5-82. 

Figure 5-79 . Intelligibility Indices (Systems X Subject X Trials) 
Reference Analog 
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NOTE: To simplify interpretation of data, the 
intelligibility scales used on Figures 
5-79 and 5-81 represent an expansion of 
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scales used on Figures 5-78, 5-80, and 
5-82. 

Figure 5-81. Intelligibility Indices (Systems X Subject X Trials) 
Constant Frequency Sampling 
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5.7 SYSTEM PERFORMANCE 

5.7.1. Experiments and Results 

5.71.1. Pulse Rates 

Magnetic tape recordings of the voices of various Astronauts were made avail- 
able to Avco-RAD by the National Aeronautics and Space Administration (NASA) 
&nd were played through the Astrovoice II system. Analysis of the encoder 
transmission rate indicated that the average pulse repetition frequency (prf) 
was approximately 3700 pps. A significant portion of this pulse rate was 
found to be due to ambient noise present during inter-word and inter-sentence 
spaces. 

Although the pulse repetition frequency can be reduced by using !.ess gain in 
the system, thereby decreasing system sensitivity to ambient noise,such an 
approach tends to degrade speech intelligibility. Peak-to-peak (p-t-p) con- 
sonant voltages are relatively low in comparison t0 p-t-p vowel voltages. 
Consequently, a reduction in system sensitivity would cause some consonant 
voltages to be below the system's input threshold level. As a result, ad- 
justment of system sensitivity to eliminate ambient inter-word and inter- 
sentence noise when the level of such noise is high would compromise speech 
intelligibility, particularly in the case of consonants at the beginning of 
words or sentences. As high a gain as is practical, therefore, is desirable 
from the standpoint of speech intelligibility enhancement. 

It is recommended, therefore, that use of a fast-acting, voice-operated trans- 
mission (VOX) circuit in combination with a suitable squelch circuit be in- 
vestigated. Incorporation of such a system would reduce the pulse repetition 
frequency due to inter-word and inter-sentence ambient noise while at the 
same time it would allow use of a high gain level to enhance intelligibility. 
A simulated VOX/squelch circuit was constructed in breadboard model form and 
tested. Test results indicate that the average prf could be reduced to ap- 
proximately 2800 pps without, in Avco-MD's opinion, seriously degrading 
speech intelligibility. Further investigation in this area is recommended. 

Obviously, the degree of improvement in intelligibility using a VOX/squelch 
circuit is determined, to a great extent, by the level of the ambient inter- 
word and inter-sentence noise. 

5,7.1.2 Intelligibility Tests 

Detailed intelligibility tests were performed by the Avco-RAD Human Factors 
Department. These tests were made relatively late in the program. Although 
actual magnetic tape recording of data required for the intelligibility tests 
took little time, the recordings had to be made well in advance of the comple- 
tion date of the Astrovoice program to allow time for the tests themselves, 
which were known to be time consuming. 

Subsequent to recording data for the intelligibility tests, various system 
modifications (principally in the area of limiting or removing noise in certain 
noise-producing circuits) were incorporated. Because the recordings made for 
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the intelligibility tests had to be made before the system was maiified and 
improved, test results are not indicative of performance of the system as 
finally developed. In addition, the recordings of system performance on 
these tapes do not correspond in quality to recordings sent to NASA to de- 
monstrate system performance since the latter recordings were made subse- 
quent to system modification. 

While it is difficult to predict the results if intelligibility tests were 
to be conducted on the improved, less noisy, system, Avco-PAD feels that the 
intelligibility index would be found to have been increased as a result of 
incorporating the various modifications. Unfortunately, time aid not allow 
conduct of intelligibility tests on the improved system. 

During the intelligibility tests, described in paragraph 5.6 of this report, 
a comparison was made between the intelligibility of unprocessed speech and 
that of speech processed by four alternative systems. The systems were: 

1. Synchronous rectangular audio 

2. Synchronous rectangular audio with some pulse position modulation 
pulses deleted by simulating simultaneous interrogation of the 
beacon by three tracking sets. 

3. Constant frequency sampling at a sampling frequency of 6 kc/s. 

4. Clipper audio. 

Detailed test results are presented in paragraph 5. 6. 

5-7.1*3 Circuit Performance 

Over-all circuit performance was found to be excellent. Some circuit sources 
of noise were discovered, however, as follows. 

1. Timing errors resulting from incomplete recovery of the pulse modu- 
lation monostable multivibrator used in the encoder speech process- 
ing subsystem were found to cause distortion of the decoder output 
when the audio input signal level was low. The level is low, for 
example, during inter-word and inter-sentence spaces. This phenomenon, 
often referred to as timing-to-amplitude cross-talk, results from 
a residual effect in the multivibrator capacitor. The effect is 
related to the time of previous firing of the multivibrator (and 
capacitor discharge which occurs at that time). As a result of this 
phenomenon, low level ambient inter-word and inter-sentence noise 
tended to appear amplified at the output of the decoder. In addi- 
tion, it was found that the timing-to-amplitude cross-talk caused 
some distortion of low level peak-to-peak consonant voltages. 
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2. The same type of timing-to-amplitude crosstalk also introduced 
some noise when pulses from the encoder system were passed through 
an ACF 14pC radar beacon, or transponder, to the decoder system. 
As a result of the crosstalk, ambient noise at the decoder output 
was increased. The noise was in the nature of a hissing sound. 
The type of lock-out circuit used in the beacon was found to be 
the source of the cross-talk. The problem appears to lie in the 
exponential recovery characteristics of the bias circuit associated 
with a silicon-controlled rectifier used for triggering purposes 
in the beacon and can easily be overcome by incorporation of a 
different beacon driving circuit in the encoder. 

5i7.l.G System Modifications 

Although many modifications were made in the system in the course of the 
program, two are particularly noteworthy because of the significant effect 
they had on system performance. Descriptions of these modifications follow. 

1. Adjacent Sampling Pulse Separation. The system was modified to 
facilitate sampling and, in effect, allow sampling adjacent peaks 
and troughs at a rate equivalent to a 9 kc/s rate without signi- 
ficant increase in the actual pulse repetition frequency. The 
modification included reduction of the encoder system post-inhibit 
period to a point at which only one clock pulse was inhibited in- 
stead of the two pulses which had been inhibited previously. The 
decrease made it possible for adjacent samples to be taken when 
necessary and resultant speech pulses to be transmitted with a 
separation of as little as 110 psecs between samplings. This is 
effectively equivalent to a 9 kc/s sampling rate. This modifica- 
tion produced a significant increase in the quality of the pro- 
cessed speech without a significant increase in the average fre- 
quency of the transmitted speech pulses. 

2. Non-Signal-Correlated Sampling. The encoder speech processing 
subsystem was modified to incorporate a technique for providing 
non-signal-correlated samples of the audio input waveform. This 
technique and the reason for its use are described in paragraph 
5.3.2.1.4.2.2. Analysis of experimental data regarding system 
performance indicated that adoption of this technique effects a 
substantial increase in both the quality and intelligibility of 
the processed speech without an increase in the average frequency 
of the transmitted speech pulses. 

5.7.2 Comparison of Various Speech Processing Systems 

Three different types of speech processing systems were each compared with 
the synchronous rectangular audio (SRA) type of speech processing system. 
Results of the comparisons are described in paragraph 5.7.2.1 through 
5.7.2.3. 
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Development of the synchronous rectangular audio speech processing system re- 
presents development of a speech processing approach which is based upon 
direct retention of amplitude and freqUenCy information contained in the 
speech waveform. The major advantage of the SRA speech processing system 
lies in the fact that the sampling frequency is derived from the signal 
itself.' 

5.7.2.1 Synchronous Rectangular Audio Versus Clipper Audio 

Speech processing systems of the clipper audio type process speech by greatly 
amplifying the audio input to the system and then forming a constant ampli- 
tude square wave model of the input waveform. A regenerative clipper circuit 
is used to form the square wave model. 

It is generally believed that the frequency (zero crossing) information contained 
in the input waveform is preserved while amplitude information is lost when 
a clipper audio type speech processing system is used. However, investigations 
made prior to and during the course of the Astrovoice II program indicate 
that although much of the amplitude information is lost in the clipping pro- 
cess, a significant portion of it is, in fact, preserved in the form of duty 
ratio modulation. 

It can be demonstrated that when high and low frequency waveforms are super- 
imposed and applied to a clipper, the low frequency waveform will pass through 
the clipper circuit and can be detected at the output of the clipper in the 
form of a duty ratio modulation of the high frequency rectangular output wave- 
form. It is felt that this effect contributes significantly to the intelli- 
gibility of"speech processed through a clipper audio type system. 

Relatively high frequency, low volume inter-word and inter-sentence ambient 
.noise, when processed through the clipper circuit, produces loud and annoy- 
ing noise at the output of a clipper audio system. Although the input sen- 
sitivity of the system can be reduced to reject such noise, speech quality 
and intelligibility is concurrently compromised through loss of the relative- 
ly low peak-to-peak voltage levels of consonants at the beginning of words 
and sentences. Experiments have shown that the intelligibility of speech 
processed in a clipper audio system is seriously degraded when this approach 
to noise reduction is adopted. 

The deletion of pulses from transmission when a clipper audio system is used 
causes phase reversals iti the audio signal in the decoder. Such reversals 
seriously degrade both quality and intelligibility of the processed speech. 

In comparison to clipper audio, synchronous rectangular audio is not subject 
to phase reversals and the ratio between the speech signal level and the 
inter-word and inter-sentence noise signal level at the output of the de- 
coder is essentially the same as the corresponding ratio at the input of the 
encoder. A VOX/squelch circuit is used to reduce the average pulse rate in 
the SRA system. 
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5.7.2.2 Synchronous Rectangular Audio Versus Constant Frequency Sampling 

In the constant frequency samplying (CFS) ty-pe of speech processing system 
the amplitude of a speech waveform is sampled at times determined by a 
clock pulse train. Information regarding the amplitude at the time of 
sampling can then be encoded according to a suitable pulse position modula- 
tion scheme and the resultant pulses transmitted to a decoder. In the 
modultition scheme the transmitted pulses are time modulated with respect to 
pulses in the clock pulse train. At the decoder a second clock pulse train 
operating synchronously with the encoder clock pulse train is used to ex- 
tract the amplitude information and an aTproximation of the encoder input 
waveform is constructed. The degree to which the decoder output waveform 
approximates the encoder input waveform is a function of the sampling 
pulse rate. As the rate is increased the approximation approaches the 
input waveform. 

Experiments were made on constant frequency sampling speech processing 
systems during the course of the Astrovoice II program and the following 
points were noted: 

1. At sampling pulse rates of 20 kc/s, the difference between CFS- 
processed speech and unprocessed speech is almost imperceptible. 

2. As the clock pulse rate is decreased, CFS-processed speech ac- 
quires a scratchy quality; as if the high frequency response 
were being greatly emphasizea. 

3. At clock pulse rates below 4 kc/s, CFS-processed speech acquires 
an "inverted speechtl effect similar in sound to that produced by 
an improperly tuned sideband signal. Such a sound can be observed 
from communications receivers. The impression is given that the 
speaker is attempting to talk "with a mouth full of marbles". 

4. At a clock pulse rate of 6 kc/s CFS-processed speech is superior 
in quality to SRA processed speech. It should. be noted that this 
is the rate used for CFS-processed speech during the intelligibility 
tests. 

5. At a clock pulse rate of 5 kc/s, CFS-processed speech is approxi- 
mately equivalent in quality to SRA-processed speech. 

6. At a clock pulse rate of 3 kc/s, CFS-processes speech is completely 
degraded and, in effect, unintelligible. 

Comparison between SRA and CFS processed speech of equivalent quality indi- 
cated that if an optimized SRA processing system is usea (that is, one in- 
corporating a VOX/squelch circuit thereby permitting a reduction in the 
average pulse repetition frequency to approximately 2800 pps) there is a 
2 to 1 pulse rate advantage in favor of SRA. If, however, background noise 
processed along with the speech reaches a significant level with respect to 
speech levels, the VOX/squelch circuit cannot then be used in the SRA system 
and the advantage in pulse rate in favor of SRA processed speech becomes 4 
to 3. 
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5.7.2.3 Synchronous Rectangular Audio Versus Triangular Audio 

The difference in the amount of distortion of the audio input waveform intro- 
duced by the SRA and by a conceptual triangular audio (TA) speech processing 
system may be described as follows. The latter system is still in the con- 
ceptual stage, however, ai2a would require development and test. 

If the facsimile waveform produced by a synchronous rectangular audio pro- 
cessing system is subtracted from the audio in&ut va%cform from which the 
facsimile was constructed, the resultant waveform would indicate the amount 
of distortion introduced by the SRA processing system. 

If, however, a triangular-type facsimile of the audio input waveform were 
constructed in such a fashion that it retained as peaks and troughs the 
original amplitude and frequency of the audio input waveform, and the audio 
input waveform were then subtracted from the facsimile waveform, the re- 
sultant waveform would represent distortion introduced by the triangular 
audio processing system. 

Comparison of the resultant waveforms (those indicating the distortion pro- 
duced in each system) would indicate that significantly less distortion is 
introduced by the triangular audio processing system and it can, therefore, 
be concluded that the latter system is superior in performance. 

Development of a triangular audio speech processing system requires that: 

1. The voltage difference between two successive samples be deter- 
mined accurately. 

2. The voltage difference be divided by the time interval between 
these same samples. 

From this information the slope to be applied in producing various portions 
of the facsimile waveform would then be derived. 

If the time intervals between successive samples are equal, as in the case 
in constant frequency sampling, nothing more is required for performing 
these functions than a time delay between the input and output. If the 
time intervals between samples are not equal, as is the case in the signal- 
correlated sampling method,, a complicated information storage technique 
would be required. 

A modified version of a triangular audio speech processing system (N + 1 
triangular audio) can be developed in which the voltage difference between 
the amplitude of the waveform at either end of a time interval, divided 
by the magnitude of the time interval, will define a slope to be applied 
during the next succeeding interval. This technique was investigated and 
studied during the Astrovoice II program. It was not, ,however, implemented. 
Avco-RAD considers that further investigations in this area are warranted. 
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